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The Tenth Anniversary Meeting 


HE Anniversary meeting fulfilled all expectations 
in being successful and interesting. There was a 
record-breaking attendance, which furnished opportunities 
for renewal of friendships among members, with many 
discussions of problems among various groups. The meet- 
ings were held in the Hotel Pennsylvania in New York 
City on May 15 and 16, and at the World’s Fair Grounds 
on May 17. The registration totalled 290, of which 26 
were ladies. There were two distinguished guests: Sir 
William Bragg, President of the Royal Society, and Pro- 
fessor Léon Brillouin, noted physicist from the Collége de 
France in Paris. The anniversary luncheon in honor of the 
first officers of the Society, and the anniversary dinner, 
were attended, respectively, by 138 and 103 members and 
guests. On May 17, there were 75 participants in the events 
of the Acoustical 
Society of Amer- 
ica day at the 
World’s Fair. 
Credit for the 
success of the 
meetings is due to 
the efficient work 
of the Commit- 
tees on Arrange- 
ments. The gen- 
eral committee, 
composed of J. C. 
Steinberg, Chair- 
man, E. E. Free 
and G. M. Nixon, 
began their activi- 
ties in May, 1938, 
and industriously 
completed the ar- 








Committee on Arrangements 


(Left to right) E. E. Free (arranged visit to World’s Fair), J. C. Steinberg 
(Chairman), G. M. Nixon (made plans for Sound Absorption Symposium). 


rangements during the past year, culminating with the 
Anniversary meeting. A special program of events was ar- 
ranged for the ladies by a committee composed of Mrs. E. 
C. Wente, Chairman, Mrs. Harvey Fletcher, Miss Madeline 
Mitchell, Mrs. V. A. Schlenker and Mrs. G. T. Stanton. 

The program included an interesting talkon “Combination 
Tones” by Sir William Bragg, an informal addresson “‘Acous- 
tical Wave Propagation in Pipes” by Professor Léon Brillouin, 
a number of special articles setting forth historical aspects 
of the Society, an exciting symposium on sound-absorbing 
coefficients, together with a group of paperson miscellaneous 
subjects. Special mention should be made of the evening ad- 
dress by Dr. Harvey Fletcher on ‘Auditory Patterns,” which 
was illustrated by some unique demonstration experiments. 

This July issue of the Journal is arranged to be an anni- 
versary number to 
commemorate the 
ten years’ prog- 
ress of the Society. 
As noted in the 
Table of Con- 
tents, it includes 
a number of sec- 
tions that deal 
with important 
phases of progress 
during the ten 
years’ growth of 
the Society. There 
are a number of 
photographs _ of 
members who 
have been active 
in the progress of 
the Society. 
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Sir William Bragg, F. A. Saunders, F. A. Firestone, F. R. Watson, G. R. Anderson, Wallace Waterfall. 


Guests at the Luncheon in Honor of the First Officers of the Acoustical Society of America, 
May 15, Hotel Pennsylvania, New York City 





V. O. Knudsen, P. E. Sabine, J. P. Maxfield, Harvey Fletcher, Léon Brillouin, D. C. Miller. 
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Combination Tones 
in 
Sound* 7 


Sir WILLIAM BRAGG 
Director, Davy Faraday Research Laboratory, 
The Royal Institution, London, England 


F. A. Saunders 


President, Acoustical 
Society of America, 
1937-1939 


A. VOLUME 11 





Sir William Bragg F. R. Watson 


President, President-elect, 
The Royal Society, Acoustical Society 
London of America 


Photograph taken May 15, 1939, at the Tenth Anniversary Meeting of 
the Acoustical Society of America. The cushion on the chair in front is 
one of the “Sanders Theater Cushions” used by Professor Sabine in his 
classical experiments on architectural acoustics. 


HEN two notes are sounded together the 

listener may hear in addition other notes 
which are not overtones of either of the originals. 
They are combination tones, whose frequencies 
are linear algebraic functions of the primaries. 
Let us denote the latter by m and n. The most 
powerful combination tone has a frequency equal 
to the difference between m and n: a note of 
frequency m+n is much more difficult to observe. 
There may be notes of other frequencies m+ 2n, 
2m-+n but these are weaker still. A full 
description of the effect is given by Jeans.! It is 


* Editorial note. Reprinted from Proc. Roy. Soc. 30, 
Part 3 (1938), with changes in the values of m and n to 
make the text agree with the demonstration on May 15, 
1939, before the Acoustical Society in New York. 

+ Presented at the Tenth Anniversary Meeting of the 
Acoustical Society of America, New York, May 15, 1939. 

1Sir James Jeans, Science and Music (Camb. Univ. 
Press, 1937), p. 287 et seq. 


possible to make experimental arrangements by 
which the existence of combination tones may 
be plainly demonstrated. Some of these arrange- 
ments are described in the present note. 

The subject has had a curious history. Ob- 
servation must be somewhat close and careful 
if combination tones are to be heard; this is no 
doubt the reason why no one described them 
before Sorge in 1745 and Tartini in 1754. 
Helmholtz was greatly interested in them and 
discussed them at length in his famous work on 
“Sensations of Tone.”’ Koenig strongly opposed 
the theory which Helmholtz put forward in 
explanation. The point at issue was whether or 
no the extra tones were subjective or objective. 
Helmholtz claimed to have shown by experiment 
that they caused a response in tuned resonators, 
Koenig asserted that they had their origin only 
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in the listener’s ear. A number of other experi- 
menters joined in the discussion. Lord Rayleigh, 
Waetzman, Edser and Rucker supported Helm- 
holtz, while Preyer and Bosanquet sided with 
Koenig. Ellis, in the second edition of his trans- 
lation of Helmholtz’ book, devoted a long chapter 
to a reasoned comparison of the two theories. 

In view of the vigor of the disputation it is 
strange to observe that, when certain conditions 
are satisfied, combination tones must have a real 
objective existence in the sense that resonators 
can be tuned to them. It is also true that, as 
Helmholtz pointed out, they can be generated 
within the ear, on account of the ear’s peculiar 
structure. Certain preliminary conditions must 
be satisfied if the tones are to be objective, and 
it would seem that the long controversy was 
maintained by failure to realize those conditions 
in all cases. 

The discussion at last died away. It was not 
even referred to when fifty years later an exactly 
analogous problem was met with in wireless 
telephony and the discussion was repeated in 
full. The so-called side bands are combinations 
of the carrier wave and the audiowave, and in 
the sense already described, have just as real an 
existence.” Still later, the phenomenon has been 
found again in the peculiar scattering of light 
known as the Raman effect. 

The underlying principle is very simple. When 
vibrations of two different frequencies are im- 


2H. Hazel, Phil. Mag. 19, 103 (1935). 
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posed upon a medium, as for example when two 
tuning forks are sounded, the chord consists only 
of the- imposed frequencies and there are no 
combination tones in the air. But if during the 
production of sound the amplitude of one source 
depends at every instant upon the amplitude of 
the other the combinational tones appear. In 
the first case the disturbance in the medium may 
be represented by 


asin 2rmt+6 sin 2rnt. 


In the second there is sure to be a term of the 
form: 
2c-sin 2xmt Xsin 2rnt, 


which is equal to 
c-cos 2x(m—n)t—c-cos 2r(m+n)t 


and the combinational tones have an objective 
existence. 

This conclusion is readily illustrated by experi- 
ment. In the diagram (Fig. 1) A represents a coil 
seen edgeways, through which either a steady 
current a or an alternating current @ sin 27mt 
can be made to run. B is a smaller coil at right 
angles to A; the centers of the two coils coincide. 
Through the second coil, either a steady current 
b or an alternating current b sin 2rnmt may be 
made to run. The second coil can turn about a 
vertical axis which is perpendicular to the plane 
of the diagram. T is a cylindrical tube in which 
a slider S is mounted; the slider contains a 
piezoelectric microphone connected to a loud 
speaker. When B vibrates about its axis, which 
it must do if there are currents in the coils and 
one or both are alternating, the disk D flutters 
before the mouth of the tube. The tube, as a 
resonator, can be tuned by moving the slider. 

In an actual experiment the current of fre- 
quency m= 300 was taken from a vacuum tube 
oscillator, that of frequency »=60 was drawn 
from the lighting circuit. When the current in A 
was alternating and that in B was steady, the 
resonator responded to the 300 note. When the 
current in B was alternating, the response to the 
300 note became much weaker but the resonator 
could be made to respond strongly to either 240 
or 360. The torque on the B coil was proportional 
to 

sin 27-300-¢Xsin 27-60-#, 
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that is to 
cos 27-240-t—cos 27-360-t. 


The difference tone should be the stronger, other 
things being equal, because the equation of 
motion of the B coil may be written 


K-0=—c{cos 2x(m—n)t—cos 2x(m+n)t}, 


where @ is the angular displacement and K is the 
moment of inertia of the coil and c is a constant; 
so that 


c {cos 2x(m—n)t cos 2xr(m+n)t 


Ar? (m—n)? (m+n)? 





The movement of the disk at the mouth of the 
resonator can therefore be analyzed into two 
harmonic terms, one of them having a fre- 
quency m—n and an amplitude proportional to 
1/(m—n)?, the other a frequency m+n and an 
amplitude proportional to 1/(m-+n)*. The re- 
sponse of the piezoelectric microphone and the 
other electric and acoustic transformations of the 
energy which take place before the sound leaves 
the loudspeaker will alter the relative intensities 
of the two sounds, and will even introduce fresh 
combination tones; but the main effect is so 
pronounced that the verification of the theory is 
quite clear. 

An effect depending on the multiplication of 
harmonic terms can also be shown in a second 
way. (Fig. 2.) The light which passes through a 
small square aperture in a screen is brought to 
a focus at a place marked A in the diagram. It 
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is there partly intercepted by two tuning forks 
which are at right angles to one another. The 
beam of light is thereby restricted to a rectangle 
of which the sides may be denoted when the 
forks are vibrating by 


a+bsin 2xmt and c+dsin 2rnt. 


The intensity of the light which passes on is 
therefore proportional to the product of these 
two expressions; and this product contains the 
term bd sin 2rmt-sin 2rnt. The light falls on a 


oe To amplifier and 
loud speaker 


Fic. 3. 


photo-cell and produces an effect which is trans- 
formed into sound. The latter can be analyzed 
by the piezoelectric resonator used in the first 
experiment. It is found to contain the frequencies 
m,n, m—n and m+n. 

If the two tuning forks are placed parallel to 
each other the intensity of the transmitted light 
is proportional to a+6+<c sin 2rmt+d sin 2rnt 
and there are no combination tones due to the 
optical arrangement. There may be, however, 
faint combination tones due to the subsequent 
treatment of the energy in the detecting 
apparatus. 

The way in which a detecting apparatus can 
generate accessory tones may be illustrated by 
the following example. (Fig. 3.) Suppose that a 
piezoelectric cell is inserted at the end of a short 
cylinder, and that a piston executes a harmonic 
motion, so that the volume of the air may be put 
equal to v=v9+v’ sin 2xmt. Then the pressure p, 
supposing the motion to be isothermal (though 
it makes no difference to the general result if it be 
taken as adiabatic), is given by pu=c, a constant. 


c 
Therefore p=—— ———— 
Yotv”’ sin 2xrmt 


c v’ sin 2rmt\—! 
“(seta 
Vo Vo 


and this when expanded shows overtones, al- 














8 SIR WILLIAM BRAGG 


though the piston itself moves in a simple 
harmonic motion. 

If there are two pistons operating on the one 
chamber 


Cc v’ sin 2rmi_ v"”’ sin 2rnt)—! 





Vo Vo Vo 


and this when expanded shows a system of 
combination tones. 

The variations of pressure can be converted 
into a complex sound in which the tones appear. 
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Fic. 4. The explanation is given in the text. 
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When a tuning fork is held before the mouth 
of the resonating tube used in the first experi- 
ment, the octave overtone is readily found. 

When two notes are sounded on the har- 
monium or organ, combination tones are gener- 
ally heard, though some people find a difficulty, 
especially at first. The combination tones of a 
harmonium at the Royal Institution are greatly 
intensified when a microphone is placed on the 
case of the instrument and connected to a loud- 
speaker. The combination tones of harmonium 
and organ would seem to be due to modulation, 
as in the simple instance just given. The pistons 
of the model are in the actuality replaced by the 
to and fro surges of air from the sounding pipes 
or reeds. It seems that the combination tones 
are of greater importance in the vibrations of 
the woodwork of the chest than in the air outside. 

In the radio transmission of sound modulation 


is a necessity. Sound waves can be converted 
directly into electrical oscillations of similar 
frequency, but it is practically impossible to put 
into such slow oscillations sufficient energy for 
effective transmission. Hence a carrier wave of 
high frequency is employed which is modulated 
by sound waves and carries to the receiving 
station the impressions which have been made 
upon it. The form of the modulated wave can be 
represented in the customary way by such a 
figure as the curve D in Fig. 4, which may be 
described—approximately only—as a disturb- 
ance having a periodicity equal to that of the 
carrier wave, and an amplitude which varies in 
accordance with the impressions made by sound 
at the transmitting end. Strictly speaking the 
disturbance is the sum of a number of different 
waves. One of them has the frequency of the 
carrier wave, and is as a matter of fact useless. 
Others are combination tones and these are the 
real carriers, and there are other derivatives 
present in relatively weak amount. 

In the accompanying diagram (Fig. 4) the 
harmonic curve B may be taken to represent the 
carrier wave, that is to say the ether wave due 
to the oscillator of the transmitting station, and 
C the ether wave into which a harmonic sound 
is transmitted. The frequency of B is ten times 
that of C; in practice the factor is very much 
larger. If the disturbances were merely added as 
represented by the curve A, the two would be 
quite independent in their effects at a receiving 
station: the wave B would be detected just as if 
there were no wave C, and would convey nothing. 
The wave C would be too faint for perception. 
But if by proper manipulation at the sending 
station a wave is produced which is the continu- 
ous product of B and C, as shown in the curve D, 
then the effect of C on B is detected at the 
receiving station, that is to say the sound signal 
is received. 

The curves E and F are harmonic curves of 
frequencies nine and eleven times that of C, being 
the difference and sum, respectively, of the 
frequencies of B and C; and D can also be 
obtained by adding E and F together. The 
receiving station can detect these two separately. 
They are combination tones. Technically they 
are known as “‘side-bands.”’ 
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COMBINATION TONES IN SOUND 9 


The Raman effect is based on the same 
principle. The incident light of definite frequency 
excites a forced vibration of the same frequency 
upon the molecule which it meets. If the magni- 
tude of the response to the impressed electric 
force depends upon some quantity in the mole- 


cule which is undergoing harmonic oscillations, 
as for example some relative oscillation of the 
atoms in the molecule, modulation occurs. Lines 
representing combination tones are found on 
each side of the line representing the original 
frequency in the spectrum of the scattered light. 








JULY, 


1939 


as Mic Ss Ws 


Acoustical Wave Propagation in Pipes* 


L&on BRILLOUIN 
Collége de France, Paris, France 


T has been noted by Lord Rayleigh that different types of waves may 
be propagated along a hollow pipe, each of these types corresponding 
to a certain pattern of nodal lines in the cross section of the pipe. A 
comparison with similar problems for electromagnetic waves! shows that 
acoustical waves inside a rigid pipe are to be compared with H (magnetic) 
waves inside a conducting pipe; the calculations made for electromagnetic 
waves presenting a great many important analogous relations for the 
acoustical problem. 

For low frequencies, the only possible type of wave is the usual one, 
with uniform velocity distribution throughout the cross section (plane 
wave). As the frequency is raised, more and more of the higher types of 
waves can be propagated. For each of these types, the pipe works practi- 
cally like a high-pass filter, with a very sharp cut-off. Experimental 
measurements, as very carefully made by Hartig,? show an excellent 
agreement with theoretical calculations. 

Let us now think of wave propagation inside pipes built out of an 
absorbing material. I doubt very much that any good agreement with 
actual results might be obtained by considering only the average ab- 
sorption coefficient of the material, as taken from reverberation chamber 
measurements. In order to predict the type of the different possible waves 
and their attenuation, it is necessary to take into account the acoustical 
impedance of the material, and to solve the corresponding boundary 
condition problem. Thus, one is able to find some types of waves which 
would propagate along the pipe, keeping a constant velocity distribution 
(constant nodal lines pattern) in the cross section, and showing a well- 
defined attenuation coefficient. 

In actual experimental measurements, it will be found difficult to 
produce just the desired velocity distribution in the cross section, and to 
excite only one type of wave. Thus, all experiments will work with a 
superposition of different types, and show a slow change of the velocity 
distributions pattern along the pipe, due to unequal attenuations of the 
different components. My brother, Mr. Jacques Brillouin, has been 
calculating some of these waves, in a paper to appear in one of the next 
issues of the Revue d’Acoustique. These problems are very closely con- 
nected with those discussed by Morse and Hunt for closed chambers. 


* An informal address given at the May 16 meeting of the Acoustical Society of 
America in New York City. 

1 L. Brillouin, Electrical Communication, April 1938, Société francaise des Electriciens, 
1939, Revue d’Acoustique (in press). 

2H. E. Hartig and C. E. Swanson, Phys. Rev. 54, 618 (1938). 


10 


VOLUME 11 





ju 


re (Th oF 














1939 





JULY, 


Events Leading to the Formation 
of the 


Acoustical Society of America* 


WALLACE WATERFALL 
The Celotex Corporation, Chicago, Illinots 


N the preparation of this brief statement 

about the formation of the Acoustical So- 
ciety of America, I have had the real pleasure of 
digging through the early Society records as well 
as a number of files of correspondence with 
various men who are present here today. These 
records date back about twelve years and take 
me back to a time in my life when youthful en- 
thusiasm had a strong influence on what I did 
and said. In retrospect, I imagine I must have 
shocked some of you by the manner in which I 
went about promoting the formation of so 
dignified an organization as a scientific society. 
If so, I here and now apologize. 

According to the records, the conception of 
the Society dates back to the first week in 
September, 1928. Professor F. R. Watson had 
been spending the summer in Los Angeles and I 


* Address given at the luncheon meeting of the Acousti- 
cal Society of America, New York, May 15, 1939, 
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Wallace Waterfall 
Secretary, Acoustical Society of America 


happened to be there on a business trip. Professor 
Vern O. Knudsen invited us both to dinner at his 
beach club and after dinner the conversation 
naturally turned to acoustics. For about two 
years prior to that meeting I had been traveling 
about the country visiting among the men in- 
terested in architectural acoustics and the need 
for some common meeting ground for such men 
was so obvious that the possibility of forming 
some sort of organization was frequently dis- 
cussed. The subject was brought up again that 
night in Los Angeles and as all three of us agreed 
the idea was good, it was decided something 
should be done about it. I was planning a trip 
to New York and the East in the immediate 
future and it was agreed I was to contact several 
men there for a discussion of the subject and 
then write to Professors Watson and Knudsen 
and we would decide on the next step. The trip 
and correspondence were carried out as agreed 
and a plan was formed by which I was to send 
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letters to seventeen men whom we believed would 
be interested in our proposed organization. 
Those letters went out on November 5 and 6, 
1928. It is interesting to note that in that letter 
more than ten years ago attention was called to 
the variation of sound absorption test data and 
my enthusiasm led me to predict that this prob- 
lem would be speedily solved by the organization 
of workers in this field. The symposium you 
heard this morning indicates great progress but 
also shows that I was somewhat optimistic ten 
years ago. 

My letter of November 1928 had been supple- 
mented by letters from Professor Knudsen and 
Professor Watson to some of the men and the 
replies which we received were enthusiastic and 
most helpful in their suggestions. It was at this 
time that Professor Knudsen, Professor Dayton 
C. Miller and Dr. Harvey Fletcher and others 
recommended increasing the scope of the organi- 
zation to include workers in all branches of 
acoustics. Dr. Fletcher’s letter was so enthusi- 
astic that I went to New York again about 
December first and discussed the subject with 
him. It was decided to attempt a meeting in 
New York during the Christmas holidays since 
a number of the men contacted would be there 
at that time for a meeting of the A.A.A.S. Dr. 
Fletcher offered the facilities of the Bell Tele- 
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phone Laboratories for the meeting and 10 
o'clock on the morning of December 27th was 
the time chosen. 

The time was short and letters flew fast. | 
have no record of just how many persons re. 
ceived letters inviting them to this first meeting 
but on December 27th, at the appointed time 
and place, forty persons were present. After 
much discussion pro and con it was decided to 
form an organization to be known as the “‘Acous- 
tical Society of America.’’ Temporary officers 
were elected and a committee of ten appointed 
to draft a constitution and by-laws. 

The temporary officers then really started to 
work. The constitution and by-laws were pre- 
pared and sent for signature to all who signified 
interest in joining the movement. The first 
regular meeting was planned for May 10 and 
11, 1929, and Dr. Fletcher proceeded to arrange 
a program. That meeting took place at the Bell 
Telephone Laboratories as planned and I doubt 
whether any scientific society ever had a more 
favorable beginning. 183 were in attendence, 376 
signed copies of the constitution and by-laws 
were in the Secretary’s hands before the meeting 
and within a few days the charter was closed 
with 460 signatures. The constitution and by- 
laws were adopted, officers were elected, and the 
Society was on its way. 
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The Acoustical Society of America. 


Its Aims and Trends* 


HARVEY FLETCHER 
Bell Telephone Laboratories, New York, New York 


Mr. President, Members of the Acoustical Society, Friends: 


T is with deep appreciation that I acknowledge 
your tribute to me as first President of the 
Acoustical Society of America. I am tempted to 
indulge in some reminiscences concerning some of 
the events which happened during those first 
years of the Society, but I know the yield to that 
temptation might satisfy me but would probably 
bore the rest of you. Therefore I will confine my 
remarks to the subject as announced. 

It was only after considerable debate and 
trimming that we were able to reduce the purpose 
of the Society, as stated in the constitution, to a 
single sentence, ‘“The purpose of the society 
shall be to increase and diffuse the knowledge of 
acoustics and promote its practical applications.”’ 
However, our meeting together accomplishes 
more than this, for the good fellowship which has 
always existed among the members has been a 


* Address given at the luncheon meeting of the Acousti- 
cal Society of America, New York, May 15, 1939. 
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source of joy and I know the members look 
forward to these meetings with very agreeable 
anticipation. 

Let me read to you the first paragraph of the 
minutes of that first organizing meeting to which 
Mr. Waterfall referred. 

‘On December 27, 1928, a conference was held 
at Bell Telephone Laboratories, 463 West Street, 
New York City. Professor Miller called the 
meeting to order. Dr. Fletcher was appointed 
temporary Chairman. Speeches were made 
by Professors Knudsen, Anderson, Watson, 
Richtmyer, Miller, Saunders and Messrs. Water- 
fall, Wolff, Stoddard, Maxfield, Hewlett, Taylor, 
Parsons, Chrisler, Hickman, and Frederick, 
respectively.” 

You see the Society started out as a very 
talkative group and it has been so ever since. A 
picture of that first group appears on page 2. 
Let me draw your attention to the satisfied look 





on the faces of those whose names were mentioned 
in the minutes as speakers. If there are any trends 
that I can detect by looking at this picture and 
comparing it with the same persons now in the 
audience, it is that our hair is growing grayer and 
grayer, at least for those of us who have any. 
[This was said looking directly at Dr. Knudsen, 
who acknowledged the tribute. ] 

Soon after this first meeting a permanent 
organization with constitution and by-laws was 
formed and the Society was incorporated in the 
state of New York as a legal corporate body. At 
first it was somewhat difficult to find finances to 
launch a complete organization and publish a 
very high class periodical such as our Journal, 
but we succeeded in keeping it out of debt during 
those early years and have done so ever since 
until now we have a considerable margin of 
financial safety. 

Table I shows in condensed form the trends of 
the Society regarding membership and finances. 
In the second column is given the number of 
members in the Society in the year noted in the 


TABLE I. 





NON-MEMBER 





No. OF SUBSCRIBERS TOTAL 
YEAR MEMBERS To JOURNAL EXPENDITURES 
1929 460 
1930 640 $3400 
1931 768 5400 
1932 792 4200 
1933 740 114 4900 
1934 764 159 2600 
1935 749 167 1300 
1936 635 187 3100 
1937 680 254 2400 
1938 676 373 1500 
1939 697 507 1700 
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first column, the third column gives the number 
of non-member subscribers to the Journal of the 
Acoustical Society of America, and the last 
column the approximate cash expenditures in 





dollars for running the Society during the year © 
noted in the first column. As you will notice, 7 
there is a gradual increase until we reached © 
nearly 800 members in 1932. Then there was qa © 


gradual decrease, the figure 635 being reached in 
1936. Since that time the membership has 
increased until it is now approximately 700. It is 
interesting to note the figures in the last column, 
Since 1933 the yearly expense of running the 
Society has been decreasing. This has been 
principally due to increasing the non-member 
subscribers to the Journal, which as you will see 
has been gradually increasing since 1933. We are 
principally indebted to the American Institute 
of Physics for their fine work in obtaining these 
non-member subscribers to the Journal. Each one 
of these subscribers brings in a net profit to the 
Society which may be charged against the expense 
of publishing the journals which are sent to the 
members. 

To talk in detail about the technical trends 
would take me too far away from the purpose of 
this gathering, but you all know the wonderful 
development in acoustics that has taken place in 
the last ten years and the important part the 
Society has taken in it. If I interpret correctly 
the signs of the times, we are on the threshold of 
another ten years of important development in 
the field of acoustics, particularly in the pro- 
duction of new facilities and instruments to be 
used in musical creations and productions, and I 
predict that this Society will be a vital force in 
fulfilling the purpose stated in the constitution. 
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F. R. Watson 


Editor, Journal of the Acoustical Society of America 
1933—June 30, 1939 


HE Acoustical Society of America was 

organized in May, 1929. It soon became 
recognized as the leader in the field of acoustics, 
and has energetically expanded its influence 
during the ten years of its existence. Realizing 
the importance of publication, the Society 
immediately started a Journal, in which it 
publishes a record of its activities and distributes 
it to a wide circle of readers. 

Since the Society is regarded as an authorita- 
tive spokesman for acoustic matters, care is 
taken to select papers that maintain the high 
standard desired for publication in the Journal. 
In addition to these rather extensive discussions, 
the Journal publishes abstracts of all the papers 


* Presented at the Tenth Anniversary Meeting of the 
Acoustical Society of America, New York, May 15, 1939. 
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presented at the semi-annual meetings, together 
with various items of interest about programs 
and dates of meetings, election of officers, news 
about members, appointments of committees, 
etc. 

The Journal is published quarterly and is 
sent to all the members of the society and to 
private subscribers, libraries and institutions all 
over the world. It thus presents in printed form 
the information about the advances in acoustics 
which is desired by many people, the general 
public as well as scientists, and stimulates 
interest in the subject, even in remote countries. 


HIsTORY OF THE JOURNAL 


When the Acoustical Society was formed in 
May, 1929, the publication of a Journal was 
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New Editor, Journal of the Acoustical Society of America 


recognized as an important element in the 
organization. Accordingly, a committee consist- 
ing of Wallace Waterfall, Chairman, F. R. 
Watson, P. E. Sabine and C. F. Stoddard, was 
appointed to supervise the publication. The first 
issue of the Journal appeared in October 1929, 
with a publication of the history of the founding 
of the Society, the constitution and by-laws, the 
program of the first meeting in May, 1939, and 
complete texts of various papers presented at 
the meeting. 

At the second meeting of the Society, in 
December, 1929, an Editorial Board was in- 
augurated to share the work being done by 
Mr. Waterfall, whose interest and tireless energy 
were primary factors in organizing the Society, 
and who continued to assume responsibility for 
many of the administrative activities. F. R. 
Watson, appointed as Chairman of the Board, 
selected as other members, E. C. Wente, P. E. 
Sabine, H. W. Lamson, F. A. Saunders and 
Wallace Waterfall. Mr. Waterfall continued as 
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Managing Editor of the Journal until 1933, when 
the position of Editor was made an elective 
office, by which the Editor would serve for three 
years and thus be able to maintain a more 
continuous policy than would be possible with a 
one-year term. F. R. Watson was elected to 
this position, and was reelected in 1936, with the 
privilege of selecting his Editorial Board. 
Several changes were made at this time. The 
Editorial Board, continued its work in the 
selection of papers and the general management 
of the affairs of the Journal, but the burden of 
preparing papers for the printer with the subse- 
quent responsibility regarding the printing of 
the Journal, mailing, collection of bills, etc., 
which had been carried by Secretary Waterfall, 
was delegated to the American Institute of 
Physics, which had become the central agency 
for the publication of the journals of the member 
societies of the Institute. The Acoustical Society 
is indebted to this agency, particularly to Miss 


Madeline Mitchell, Publications Manager of the 
Institute, and her capable assistants, for the | 


patient, painstaking attention to this exacting 
work. The excellent appearance of the Journals 
of the Institute is the tangible evidence of their 
efficiency. In this connection, it might be 
remarked that Managing Editor Waterfall should 
be credited for the simple, attractive cover of 





the Journal, which brought favorable comment, | 


and soon led other Journals to imitate this 
innovation. 

In 1937, the interests of the Journal were 
enlarged to include a department on Current 
Publications in Acoustics, which has_ been 
successfully managed by Professor F. A. Fire- 
stone. This department publishes a classified 
list of titles and authors of acoustic publications 
that appear in all journals, both American and 
foreign. It also prints English translations of 


important German articles on acoustics, through | 
an arrangement made with Dr. Erwin Meyer of | 


Berlin, who selected Mr. E. J. Skudrzyk as the 
translator. More recently, these translations are 
being made by Mr. Leo Beranek, a graduate 
student at Harvard University. Professor Fire- 
stone has also supervised the preparation of a 
subject and author index of all the articles that 
have appeared in the Journal during the ten-year 
period just completed in May, 
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cumulative index will be published during the 
summer. A new membership list of the Society 
will be published also and will appear as Part II 
of the July issue of the Journal. 

The Journal is published every three months, 
and thus far, this arrangement has taken care of 
the material presented. There has been some 
discussion of making the issues more frequent, 
which would be advantageous in hastening the 
progress of some investigations, and this change 
may become desirable as the Society continues 
to grow. Publishing only four yearly issues has 
minimized the expense, so that the cost of publica- 
tions has never been an acute financial problem 
except at the beginning. Other Societies which 
publish journals monthly or semi-monthly have 
accumulated debts that were quite embarrassing. 

When the Society first decided to publish a 
Journal, no funds were available, and considera- 
tion was given to advertising as a source of 
revenue. This proposal, however, was rejected, 
and the policy of not including advertising in 
the Journal has been consistently followed. 
Financial support at the beginning was secured 





Madeline M. Mitchell 


Publications Manager, American Institute of Physics 
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by energetic action on the part of Secretary 
Waterfall, who persuaded his own corporation 
and several others to contribute funds to under- 
write the Journal. Some $3700 was contributed 
in this way during the first two years. Because 
of these generous subscriptions, the Journal was 
started free of debt, and has maintained this 
fortunate situation ever since. 


THE EpDITORIAL BOARD AND Its ACTIVITIES 


Since the Journal is the official publication of 
the Acoustical Society, it is necessary that the 
Editor and the members of the Editorial Board 
keep in close touch with the Society activities. 
The semi-annual meetings are the most impor- 
tant events, and the programs for them are 
carefully planned to promote interest in promis- 
ing developments, since the papers presented 
and the discussions that follow determine to a 
considerable extent the trends of acoustic in- 
vestigation. The Editorial Board attends the 
meetings and later selects from the programs the 
papers for publication that represent the current 
thought in acoustics. Another source of publica- 
tions is found in the various committees which 
are appointed by the Society to investigate 
certain subjects in greater detail than can be 
done by the discussions in the open meetings. 
For example, the subjects of noise abatement, 
acoustic terminology, measurement of absorption 
and transmission coefficients, types of sound 
measuring instruments, etc., have been exam- 
ined, some of them in cooperation with other 
societies, and the findings of these committees 
have been published in the Journal. 

Among the papers published will be found a 
number from foreign authors, who have sought 
in the Acoustical Journal a medium for the 
publication of their investigations. The Editorial 
Board has looked with favor on these papers, 
since the Journal for a time was the only maga- 
zine devoted entirely to acoustics, and the 
Acoustical Society was formed to stimulate 
activities in acoustics, even those abroad. These 
foreign papers have come from Japan, China, 
India, Switzerland, Germany, Russia, Sweden, 
The Netherlands, France, and England. The 
affiliation with England has naturally been more 
intimate than with the other countries, because 
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the language is the same, and the editing of 
papers is easier. At one time, there was some 
discussion regarding the formation of an English 
section of the Acoustical Society, with the plan 
of publishing all the papers in the Acoustical 
Journal. 

The Editorial Board has maintained an 
interest over the whole field of acoustics, and has 
stimulated activity where it has appeared neces- 
sary. At times, the program committees have 
been asked to include certain subjects in their 
considerations, and authors have been requested 
to write special articles. One such subject is 
supersonics which is a new development in 
acoustics, although there may be some question 
whether it does not belong also to atomic physics 
or kinetic theory. Another subject under con- 
‘sideration is music which lies in the two domains 
of esthetics and science, and is becoming better 


understood through joint investigations by 
musicians and scientists. 
The members of the Editorial Board are 


selected to represent as far as possible the 
various interests in acoustics. To accomplish 
this objective, the personnel of the Board has 





E. C. Wente 
Research Physicist, Bell Telephone Laboratories 
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been changed from time to time so that the 
Journal publications would keep pace with the 
new developments. Two members of the Board, 


however, have served continuously from the 


beginning. Dr. Wente has given gratifying 
assistance in reviewing papers, either personally 
or with the cooperation of his associates in the 
Bell Telephone. Laboratories. Mr. Waterfall has 
looked after the business interests of the publica- 
tions of the Society, and particularly the 
arrangements about printing, and later, the 
details of affiliation with the American Institute 
of Physics. 

With the advice of the Editorial Board, the 
Editor selects papers, committee reports and 
other material for publication. All papers in- 
tended for publication are carefully considered 
so as to maintain the high standard of the 
Journal. Papers written by experienced investi- 
gators are usually accepted without question, 
but when the author is inexperienced or not 
well-known, his paper is read by a member of 
the Editorial Board, who suggests any changes 
that appear necessary. This procedure protects 
the young author from making mistakes that 
would be disadvantageous for him if published, 
and it also protects the standard of the Journal. 
One of the functions of the Editorial Board is to 
encourage young investigators, and to help them 
get started in their work. While the Editorial 
Board reviews most of the papers that are 
proposed for publication, the Editor has con- 
sidered himself at liberty to call on any member 
of the Society for this service. The gratifying 
response to these requests is indicative of the 
friendly cooperation of the Society members. 

In selecting material for publication, the 
Editorial Board has considered the fact that 
many members of the Society do not attend the 
meetings, and that they rely on the Journal for 
information about the progress of the Society. 
With this need in view, a section entitled 
‘Acoustical Society News’’ was inaugurated 
which publishes items of interesting information. 
As a further step in this direction, the attempt 
was made several times to obtain stenographic 
reports of the discussion of papers, but the 
movement was not successful because the reports 
were too long, and it was not practical to edit 
them without the assistance of the persons 
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participating in the discussions: It seems likely 
that this desirable feature may be revived, but 
it should be arranged so that each person 
participating in the discussion shall furnish a 
condensed written copy of his contribution, and 
that the printed report shall be carefully proof- 
read before publication. 

An important part of the editorial work of 
preparing papers for publication is performed by 
the Editorial Office of the American Institute of 
Physics. It takes about six weeks for the prepara- 
tion of material for an issue of the Journal, 
remembering that the Institute performs a 
similar service for the other journals at the same 
time. The practice followed by your Editor is 
not to submit all the material for an issue at the 
same time, but to send in a number of papers 
some two months or more before the date of 
issue, then to send in other material as it becomes 
ready; an arrangement that allows the Editor 
to get one or two papers to the Institute later 
than the six-week limit, when it is desirable to 
have them published as soon as possible. 

Fortunately for most authors, the Institute 
staff feels free to correct grammatical errors, 
punctuation and at times to consult with authors 
about changes in the text. Scientists are seldom 
proficient in writing, and many laughable state- 
ments with ‘‘dangling participles’’ and “‘squint- 
ing modifiers’ would appear in publications if 
they were not corrected. The work of the 
Institute thus insures a standard of literary 
effort, as well as excellence in the mechanical 
features of the Journal, the type, the drawings 
and the general appearance of the published 
magazine. 


THE EpIror 


It is interesting to learn that the Editor has 
other duties to perform than to publish the 
Journal. He has much correspondence. One 
business rule that is followed is to reply promptly 
to all letters, within twenty-four hours, if 
possible. A complete answer may necessarily 
be deferred, but a reply is always gratifying. 
A young author, particularly, is much concerned 
about the action taken on his first paper; so that 
a notice sent him that his paper has been 
received and is being given attention, is a 
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matter of relief to him. When a paper has been 
approved for publication, word is sent as 
promptly as possible to the author notifying him 
of the approval, also with the date of publication, 
if this has been decided. 

Occasionally controversies arise between au- 
thors, in which accusations of plagiarism are 
freely made, and the Editor is called on for 
action. The practice of your Editor is to reply 
to both parties, indicating that the matter is 
being investigated. This usually takes some 
time, and the authors have time to ‘“‘cool off,” 
so that when a decision is made, which is 
usually a compromise, they are willing to accept 
any reasonable solution. This practice of settling 
disputes by correspondence is much to be pre- 
ferred to the publication of controversial letters 
in the Journal, which tends to intensify any 
personal bitterness. The Acoustical Society has 
been remarkably free from quarrels; there have 
been differences of opinion, but they are usually 
settled by discussions in the meetings. 


THE PROGRESS OF THE JOURNAL AND Its FUTURE 


In the short time of ten years, much has been 
accomplished by the Acoustical Society. At the 
time it was started, there was a real need to 
bring all the various acoustic interests into an 
organization for mutual support and encourage- 
ment for further development. The progress of 
the Society has shown the wisdom of this 
venture. Within the first year of its existence, 
the Acoustical Society was soon recognized as 
the leading influence in acoustics—really the 
only society devoted entirely to acoustics. The 
Journal has taken a similar position as the 
leading publication in the acoustic field. Two 
other foreign journals have been started, and 
these have been welcomed by our Journal. The 
Revue d’Acoustique appeared in 1932 under the 
auspices of an Editorial Board, with M. Al Proca 
as the Secretary. In September, 1936, the 
Akustische Zeitschrift began its publications 
under the able leadership of Erwin Meyer, who 
has been closely affiliated with American activi- 
ties and who was a guest speaker in New York 
at the October, 1936, meeting of the Society. 
These foreign journals are indicative of the 
expansion of acoustic interests that were stimu- 
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lated by the formation of the Acoustical Society. 

The wide variety of subjects of papers appear- 
ing in the Journal is not surprising when one 
considers the various interests of acousticians. 
Universities and research laboratories conduct 
theoretical and experimental investigations of 
fundamental properties of sound—its frequency, 
intensity and tone-structure. In this work the 
vacuum tube has become an invaluable aid, and 
has led to astonishing achievements. Studies in 
the physiology and psychology of the phenomena 
of hearing have resulted not only in valuable 
information about the action of the ear, but 
have led also to the development of practical 
aids for the hard-of-hearing. The action of sound 
in rooms, so ably begun by Wallace Sabine, has 
been extended in theory by many others; also, 
in practice, many sound-absorbing materials and 
constructions have been developed for the quiet- 
ing of rooms and buildings. The analysis of 
sound has opened a wide field for the better 
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performance of singing and speaking, whereby 
some universities now announce new depart. 
ments dealing with speech. The rapid growth of 
orchestras and bands in schools and elsewhere 
has given opportunity for the improvement of 
musical instruments with the establishment of g 
number of research laboratories. The recording 
and reproduction of sound, radio broadcasting, 
public address systems, and sound movies, 
present some of the other present-day develop. 
ments in acoustics, all of which are undergoing 
investigation and improvement. 

The Acoustical Society of America thus has 
an inviting field of endeavor before it; much has 
already been done, but there is much more to 
do in the future. The Journal is an integral 
element in this movement; it provides a perma- 
nent record of the progress and achievements of 
this young and vigorous organization, and it 
will continue as an efficient aid in bringing 
greater accomplishments. 
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Architectural Acoustics: 


Its Past and Its Possibilities* 


Pau E. SABINE 
Riverbank Laboratories, Geneva, Illinois 


N the closing paragraph of his Anecdotal 

History of the Science of Sound, Professor 
Miller says: ‘“‘The history of the science of sound 
in the 20th century is yet to be written; the 
material for such a history is accumulating at a 
remarkable rate and it is certain that the 
achievements of the members of the Acoustical 
Society of America will bring honor to the world 
of science.’”” On this tenth anniversary of the 
birth of that lusty infant, I esteem it a high 
honor to be asked to speak of that branch of 20th 
century acoustics which deals with the behavior 
and control of sound in buildings. 

Architectural acoustics belongs peculiarly to 
this century, for it was in 1900 that Professor 
Wallace Sabine published in The American 
Architect, the series of papers in which he gave 
the results of his five years of research on the 
phenomenon of reverberation. In this research he 
established the fact of the approximately 
logarithmic decay of reverberant sound in a 


* Presented at the Tenth Anniversary Meeting of the 
Acoustical Society of America, New York, May 15, 1939. 
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room, discovered the hyperbolic relation between 
the reverberation times and the total equivalent 
absorption of the interior surfaces, and developed 
a mathematical theory which takes account of all 
the factors that effect reverberation. 

On the assumption of the “‘open window’”’ as an 
ideal absorbent from which no reflection of 
sound occurs, he developed a method for meas- 
uring the relative absorptivities of material 
surfaces in terms of the open window, and using 
this method he measured the absorption coefh- 
cients of a large number of materials that occur 
normally in room interiors, plaster, brick, wood, 
glass, carpets, seats and seat cusions, and last but 
not least, the equivalent absorption per person of 
an audience. Incidentally, it may be remarked, 
that many of the coefficients for such materials 
determined by Sabine more than thirty years ago 
are still extant and are in use in computing the 
reverberation time of rooms. It might be well if 
some of these values were re-determined under 
the improved conditions of modern measuring 
technique. 








22 PAUL E. 


Further, so assured was he of the validity of 
his findings that he applied them to the acoustical 
planning in advance of construction of Symphony 
Hall in Boston, the first auditorium in which as a 
matter of architectural engineering the principles 
of the new science of architectural acoustics were 
applied. 

Having developed a method and a theory using 
sound of a single frequency, Sabine next extended 
his research to cover the whole musical range 
from 64 to 4096 cycles. In 1906 he published a 
second paper giving the absorption coefficients of 
a large number of materials used in auditoriums, 
as well as those of the audience itself. 

In 1912, appeared an article on the “Correction 
of Acoustical Difficulties,” giving the application 
of the new science to the correction of acoustic 
conditions in existing auditoriums. One can 
hardly make a better recommendation to a 
prospective acoustical engineer than the careful 
study of this paper. One finds significant refer- 
ences to a great many factors that affect the 
acoustics of rooms that are not contained in the 
magic formula 7)>=0.05V/a. The effects of wall 
and ceiling contours, the proper location of 
acoustical treatment, the considerations of use as 
effecting the desired acoustical properties, the 
provision in a very large room for different 
reverberation times in different portions of the 
room all receive passing but very enlightening 
comment. Sabine recognized the frequently con- 
flicting requirements imposed on the architect’s 
design by the demands of the owners. The 
outstanding example was the New Theater in 
New York, later known as The Century. Here 
the somewhat grandiose intentions of the 
founders to provide a room that should be 
suitable for spoken drama and at the same time 
be used for the opera, with its social requirements 
of a horse-shoe of large and commodious boxes 
necessitated a design that was acoustically ill- 
adapted to either. 

In this 1912 paper, Sabine deals with certain 
practical difficulties that occur in the correction 
of excessive reverberation by the use of ab- 
sorbents. Then, even as today, the practical 
problem of maintaining the surface permeability 
and the porosity of materials used as commercial 
absorbents after decoration or of covering 
unsightly materials such as hair felt or mineral 
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wool, without seriously decreasing their sound | 
absorption, presented serious difficulties. The 
use of textile fabrics for this purpose was one 
of the earliest solutions offered. It was necessary 
to know just what effect this surfacing might 
have on the absorption coefficients of materials 
so covered. The paper gives curves showing the 
effects of various types of surface treatment, 
One of the interesting things shown is the fact 
that an impervious layer adhered to the surface 
of hair felt may materially increase the ab. 
sorptivity at low frequencies. Another interesting 
item of this same paper is the distribution of 
intensity in the stationary wave pattern set up 
by a steady tone in a room with a cylindrical 
vault ceiling, the Constant Temperature Room 
in Jefferson Laboratory which was the forerunner | 
of the reverberation chambers which are in use 
today. The survey was made with a moving 
microphone which traversed a spiral path thus 
covering practically the entire area of a horizontal 
section of the room. The relative amplitudes 
were recorded on a moving film, an Einthoven 
string galvanometer being used as the current 
measuring instrument. Variations as great as 20 
decibels were found between maxima and minima 
of the sound pattern of a pure tone. I doubt if 
any more thoroughgoing investigation of the 
sound pattern in a room has since been made. It 
is possible that an approach along this line to 
some of the difficulties that now plague us in 
reverberation chamber might 
prove surprisingly useful. 

Sabine evoked this inequality in the pattern in 
explanation of the wide divergence with shift of 
sample position in the measured values of the 
absorption coefficients of material. Thus he found 
that the same sample showed variations in the 
measured values of the coefficient at 1024 cycles 
ranging from a minimum of 0.43 to a maximum 
of 1.26 with shift of the sample position in the | 
room. To eliminate this source of error, he 
introduced the revolving vane as a means of | 
securing a more uniform distribution of inten- 
sities. Unfortunately, no experimental data are | 
available as to the extent to which the device | 
produces the desired results. Nevertheless the . 
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laboratories as an aid in securing the devoutly 
wished for ‘‘diffuse distribution.”’ 

In his paper on ‘“Theater Acoustics,” published 
in 1912, Professor Sabine first used the method of 
photographing sound pulses perfected by Pro- 
fessor Arthur Foley, as a means for visual 
demonstration of the effects of architectural 
shapes on the acoustic properties of rooms. Using 
accurately made small scale models of the 
principal sections, he was able to show how both 
desirable and undesirable reflections of sound 
might result from the disposition of wall and 
ceiling surfaces. I can think of no more effective 
way of conveying to the layman the importance 
of proper design than the series of sound pulse 
photographs shown in this paper. 

Sabine had made only a bare beginning on the 
problem of sound transmission in building con- 
structions when the War interrupted his research 
program. He did, however, develop a technique 
for measurement by the ear and stopwatch 
method—the only effective means available at 
the time. He was able to show that reduction of 
intensity of sound in porous materials is a 
matter of dissipative absorption, and that a 
logarithmic relation exists between the intensity 
reduction and the thickness of the interposed 
layer of porous material. This paper was pub- 
lished in 1914, and except for the interesting 
lecture on ‘“‘Whispering Galleries’ delivered at 
the Sorbonne in 1915, published by Professor 
Lyman in the Collected Papers, it is his last 
published contribution to the subject of archi- 
tectural acoustics. 

During this period, Professor Sabine had the 
field almost to himself. Before 1908, Professor 
F. R. Watson began his work under conditions 
quite similar to those which had led Sabine into 
acoustics. The large auditorium at the University 
of Illinois had just been completed—beautiful as 
architecture, but bad as to its acoustical prop- 
erties. In addition to being excessively rever- 
berant, nearly eight seconds empty and about 2.2 
seconds reverberation time with an audience of 
1500, it suffered from focused echoes due to its 
almost hemispherical shape. It thus offered a 
splendid chance for the study of one of the most 
troublesome of acoustical defects, the presence of 
discrete echoes from concave surfaces. Reducing 
the reverberation time by the use of absorbents 
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seemed to increase the annoyance due to echoes. 
For the purpose of locating the particular sur- 
faces responsible for the echoes, Watson used the 
ingenious device of an alternating-current arc 
placed in the focus of a large parabolic reflector, 
which directed both the light and the hiss of the 
arc to various portions of the wall and ceiling 
surfaces, thus making it possible to trace the 
resulting reflections. The investigation which 
extended over a period of some six years yielded a 
wealth of information—as for example the limited 
power of absorbent treatment to eliminate 
focused echo, and the limitations of sounding 
boards as corrective devices. It did not, however, 
yield the desired result of entirely satisfactory 
acoustics. In summing up the results Professor 
Watson says ‘“‘The conclusion to be drawn is 
that an auditorium with many curved walls is 
not likely ever to be satisfactory. What was 
needed was a major surgical operation rather 
than remedial treatment.”’ 

There is little to record in the history of 
architectural acoustics during the years of the 
Great War. Under stress of military necessity 
much work in the general field of acoustics was 
carried on. Work on airplane and submarine 
detection by acoustical means, sound ranging 
methods of locating gun fire, pressure waves from 
big guns all served to show the need for the 
renewed cultivation of this neglected branch of 
physics. Aside from this general impetus little 
advance was made in the architectural appli- 
cation of the subject. There was, however, a very 
marked growth in the commercial application of 
the results of the earlier work. As has been noted, 
Sabine was keenly alive to the practical value of 
what he was doing. Called upon to make recom- 
mendations for the acoustical correction of 
auditoriums, he was confronted with the practical 
problem of what materials to use and how to 
render the absorbent surface acceptable from the 
standpoint of decoration. Hair felt with fabric 
covering of one sort or another was the earliest 
solution. The objections to such materials were 
obvious, and Sabine himself devised various 
practical means for meeting them. In 1914, in 
collaboration with R. Guastavino he patented a 
porous ceramic tile, and two years later a moulded 
tile, composed of granular particles of fairly 
uniform size bonded only at their points of 





contact with cement, thus giving a solid material 
suitable for the interior finish of a room with a 
permeable surface and interior intercommuni- 
cating pores. Under the name of Akoustolith, this 
product has been widely used in rooms where tile 
walls and ceilings are architecturally desirable. 

In 1910, the H. W. Johns-Manville Company, 
large producers of felts for heat insulation, 
retained Sabine as a consultant in which capacity 
he gave advice on acoustical problems and 
trained young men in the sales and engineering 
departments in the application of the new 
science. The first installation made under this 
combination of science and business was in 1911 
in St. Paul’s Cathedral, Detroit. It was the 
beginning of a business relation that proved to be 
not only mutually pleasant but highly advan- 
tageous to the development of both the practical 
and scientific possibilities of architectural acous- 
tics. On the one hand, funds necessary for 
carrying on experimental work were available, 
while on the other, commercial exploitation was 
subordinated to the demands of real engineering 
service. 

In this connection, one should not fail to make 
due recognition of the contributions made by 
commercial concerns to the practical develop- 
ment of architectural acoustics and to the educa- 
tion of the public to its possibilities. After all, a 
method is not of much use without materials and 
means of applying it, or a demand for its appli- 
cation. The fact that the architectural profession 
today is so alive to the acoustical problem, that 
the general public is ‘‘noise conscious’”’ and that 
millions of dollars are spent annually to alleviate 
the noise nuisance, the inevitable by-product of 
our mechanized life, are all to be credited to the 
business interests, who have seen acoustics on its 
dollars and cents side. Just as in the early days 
the Johns-Manville Company contributed to the 
practical success of Sabine’s scientific work, so at 
a later stage other companies also have generously 
supported research, not only in the development 
and improvement of commercial absorbents but 
in investigations whose immediate commercial 
value was problematical. 

In the early twenties, the Celotex Company 
saw possibilities in the wallboard made from 
bagasse fiber. In addition to large sums spent in 
developing their own product, this company has 
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generously supported all movements designed to 


promote the industry as a whole. In fact, if I am © 


not mistaken, the idea for an Acoustical Society 


originated in the fertile and active mind of our | 


secretary, Mr. Waterfall, who since the inception 
of the society has given most generously of his 
own and his company’s time to its interests, 
Other companies might also be mentioned that 
have both subsidized research and promoted in 
various ways an increasing use of sound quieting 
methods and materials. Among these are the 
United States Gypsum Company and the Arm. 
strong Cork Company. 

As a result, the manufacture and distribution 
of commercial sound absorbents has become a 


large and rapidly growing industry. New ma- | 


terials vastly improved as to structural qualities, 
fireproofness, appearance, and permanence are 
constantly being placed on the market. In 
addition to the hair felt of early days there are 
now available constructions in which mineral or 
glass wool form the absorbent layer surfaced with 
perforated metal, or hard pressed-wood or as- 


bestos fiber sheets. As a variant, the surface | 


material may be an open-textured tile, thin 
enough and open enough that the underlying 


absorbent layer contributes materially to the | 


absorptivity of the construction as a whole. 
Sound absorbing plasters, moulded mineral tile 
of blast furnace slag or glass wool, tile of granu- 
lated cork, hard surfaced, perforated tile of sugar 
cane fiber, tile and boards of fine wood shavings 
cemented together—all with relatively high 
absorptivities and a wide variety of surface 
textures, many of which allow repeated painting 
and decoration without loss of absorbing eff- 
ciency, are now all commercial products. 

In 1911, the total sales throughout the country 
amounted to less than $50,000. In 1930, one of 
the larger producers alone had sales amounting to 
some $2,000,000. Figures for the industry as a 
whole are not available, but the records of 
another company show in 1925 installations of 
acoustical materials amounting to 400,000 square 
feet. The same company in 1938 had sales of 
6,100,000 square feet. In the earlier years, 
practically all installations were made for the 
acoustical correction of churches, auditoriums 
and theaters. Today, probably more than 75 
percent of use is in quieting treatment in offices, 
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corridors in schools and hospitals, class rooms, 
banks and restaurants. 

On the technical side, the period from 1920 up 
to the present has been one of increasing activity. 
In 1919, the Wallace Clement Sabine Laboratory, 
built by the late Colonel George Fabyan for his 
friend, was completed. Its purpose was to provide 
facilities for carrying on Sabine’s work on sound 
transmission which had been interrupted by the 
war. During the first three or four years, attention 
was confined to the mastery of the Sabine 
technique, the calibration of the sound chamber 
by his 4-organ pipe experiment, and the study 
of the transmission of sound by standard wall 
constructions. Early in this period it was dis- 
covered that large variations of reverberation 
times for frequencies above 2000 cycles occur 
with variations of relative humidity in the room. 
This was at first ascribed to changes in the 
porosity of the plaster walls due to the absorption 
of moisture. Subsequent observations showed 
that this change occurred too rapidly with 
varying humidity to be accounted for in this way, 
and that painting the walls did not alter the 
effect, and that the effect was probably due to the 
effect of water vapor on atmospheric absorption. 
Meyer in Berlin later noted and measured the 
effect of varying degrees of humidity on reverber- 
ation time. Knudsen’s outstanding work on the 
problem of the effects of impurities on the 
absorption in gases was begun with reverberation 
methods of measurement. The results of this 
latter work have proven of great theoretical 
importance in the theory of the transfer of energy 
in matter in the molecular state. 

In 1921, the results of measurements on the 
transmission of sound by porous flexible material 
were published, and in 1923, the results of 
measurements on 15 walls of single type con- 
struction built from various masonry materials. 
These measurements showed that, independently 
of the particular masonry materials used, the 
weight per unit area is the determining factor in 
sound reduction and that there is an approxi- 
mately linear relation between the two. In 1922, 
the effect of area of the test sample on the 
measured values of the absorption coefficients 
was first noted in connection with the study of 
the absorption of impact sounds, typewriters and 
the like. Similar effects for sustained tones were 
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also noted, and curves showing the absorption 
per unit area as a function of the total area were 
shown before the British Association for the 
Advancement of Science. 

In 1922, the National Bureau of Standards 
instituted an acoustical division, with Dr. E. A. 
Eckhardt and Mr. V. L. Chrisler in immediate 
charge of acoustical measurements. About this 
time the Bureau began a comprehensive program 
of sound transmission measurement which con- 
tinued intermittently up to the present time. 
The results of this investigation are given in a 
comprehensive bulletin just issued by the Bureau 
giving valuable data on almost every practical 
type of floor and wall construction in current 
use. Early measurements of absorption coeffi- 
cients were made at the Bureau by the tube 
method, superseded in 1928 by the reverberation 
method, when the large 15,000 cubic foot 
reverberation chamber was built. The Bureau 
has been an important contributor to the fund of 
knowledge in this field. 

Up until about 1925, the stopwatch and ear 
method was the only available means of timing 
reverberation with the old reliable organ pipe as 
the source of sound. With the development of the 
vacuum tube and its application to audio- 
frequency oscillators and amplifiers, and the 
advent of the electro-dynamic loudspeaker and 
the improved forms of the microphone, came a 
revolutionary change in measuring technique. 
The organ pipe with its single frequency and fixed 
output was replaced by the audiofrequency 
oscillator, amplifier, attenuator and loudspeaker, 
giving the whole gamut of audiofrequencies at 
controlled output levels variable over a 50- or 60- 
decibel range. 

The microphone, amplifier, and electrically 
operated timer replaced the ear and the stop- 
watch. At a still later date came the high speed 
level recorders giving a complete graph of the 
decay of reverberant sound. With the improved 
technique, came a remarkable increase in the field 
of acoustical measurements. Reverberation cham- 
bers were built at several universities. The 
demands for controlled acoustical conditions in 
sound stages and broadcasting studios opened up 
an entirely new field for the application of 
technical knowledge. The Bell Telephone Labo- 
ratories, the Electrical Research Products Labora- 
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tories in New York and Los Angeles, Knudsen’s 
Laboratory at the University of California, and 
the Johns-Manville Laboratory in Manville, New 
Jersey, all came into existence in the period 
around 1930. Abroad, this same period saw a 
marked increase of activity in this field, Osswald’s 
Laboratory in Zurich, the Heinrich Hertz Insti- 
tute in Berlin, and somewhat later the Acoustical 
Laboratory was completed at the National 
Physical Laboratory in Teddington, England. 
Today there are at least seven acoustical 
laboratories in the German Reich, two in 
Switzerland, and one in Italy. 

On the theoretical side, the original reverber- 
ation formula developed both empirically and 
theoretically by Wallace Sabine was accepted 
without question. As early as 1903, Franklin in 
this country gave a mathematical derivation of 
the 7)=0.164V/a formula, based on the kinetic 
theory of gases in which the theoretical constant 
appeared as 0.162 instead of 0.164, Sabine’s 
experimental value. Yaeger’s derivation of the 
theoretical formula was published in 1911 eight 
years later. Parenthetically, I may say that the 
tendency in Germany to call it the Sabine- 
Yaeger formula, or occasionally the Yaeger- 
Sabine formula has little justification in view of 
Franklin’s prior publication. The Sabine formula 
is derived on the assumption that the decay of 
sound is a continuous process or what amounts to 
the same thing that the number of reflections is 
sufficiently large that the series 1+(1—a) 
+(1—a)?+(1-—a)* etc. has its limiting value, 
namely 1/a and further, that the distribution of 
intensity is uniform and there is a random 
distribution of directions of energy flow during 
the decay period. These assumptions are good 
enough as long as we are dealing with large rooms 
in which the average absorptivities are low, and 
decay rates are measured over a large drop of 
intensities as is the case when the threshold of 
hearing is the lower limit of the decay. Broad- 
casting studios and sound stages with their high 
empty room absorptions depart widely from the 
assumptions of the Sabine equation, and with the 
improved methods of measurement the dis- 
crepancies between theory and fact appeared. As 
a result, modifications of the Sabine formula have 
been proposed. In May 1929, in a discussion of a 
paper given before this Society, R. F. Norris 
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proposed a modification of the older formula 
which in effect amounted to the substitution of 
—log, (1—a) for a, the arithmetically averaged 
value of the absorption coefficients of the 
bounding surfaces of the room. In the derivation 
of this formula, account is taken of the finite 
number of reflections which can occur during the 
time of a 60-db decrease in intensity of the 
reverberant sound. The Sabine formula is the 
limiting case as the absorption coefficient becomes 
progressively smaller and the number of reflec- 
tions during the decay correspondingly greater. 
At the January meeting in 1930, Dr. Eyring gave 
a much more detailed and comprehensive treat- 
ment of the subject, arriving at a reverberation 
equation essentially the same as Norris had 
proposed. In 1932, Millington and also Sette 
presented a third equation which differed from 
Eyring’s by substituting for the single product of 
the total area by the weighted average reflection 
coefficient of the exposed surface of the room, the 
sum of the separate products, obtained by 
multiplying each area by its respective coefficient. 
As Eyring later pointed out, the difference simply 
amounts to a difference in obtaining the average 
coefficient of reflection of the bounding surfaces 
of the room. Eyring’s formula is open to the 
objection that it may lead to coefficients greater 
than unity, Millington’s, to the objection that 
there would be no reverberation in a room with an 
open window, no matter how small.* 

At the present moment, there seems to be a 
rather widespread doubt among those engaged in 
absorption measurements as to whether there is a 
coefficient of absorption for a given material, in 
the sense of a single numerical quantity which 
when multiplied by the area of the surface of that 
material will give the contribution of that 
surface to the total equivalent absorption of any 
room as determined by any of the reverberation 
equations now extant. 

When it comes to the measurement of this 
possibly nonexistent coefficient we are still more 
up in the air. All of the existing reverberation 
formulas are derived on the assumption that the 
total sound energy in a room may be treated 
statistically according to the methods of the 

* Like the earlier Sabine formula, they are both approxi- 


mations obtained by making certain simplifying assump- 
tions, and lead to contradictions in extreme cases. 
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kinetic theory. In spite of our assumptions to the 
contrary, sound insists upon acting as a wave 
phenomenon, very much to our embarassment. 
Diffraction at the edges of a highly absorbent 
surface vitiates our assumption of a total equiva- 
lent absorption strictly proportional to area. The 
reverberation method of measurement is in- 
trinsically an inaccurate method—a great deal 
like measuring the size of a hole in a leaky tank 
by measuring the increase produced by the 
presence of the hole on the rate at which the 
average level of the waves at the top of the tank 
falls. Moreover, for rooms the size of our rever- 
beration chambers and with practicable sized 
samples, our particle picture of the behavior of 
sound gives a much distorted view of the facts as 
they actually exist. The problem is really one of 
the forced and free vibrations of a three-dimen- 
sional elastic continuum with a measurable 
amount of damping in the medium itself and a 
still greater amount of localized damping dis- 
tributed over the bounding surface. Knudsen’s 
elegant study of decay of sound in a small room 
at low frequencies showed that at an impressed 
frequency coincident with one of the natural 
modes the decay is nicely logarithmic. When the 
impressed and natural frequencies do not coincide, 
beats appear in both the steady state and in the 
reverberant stage. We may, if we like, think of 
the wide fluctuations from the logarithmic decay 
as the result of these beats. These experiments of 
Knudsen’s were made in a small room with very 
low tones. In reverberation chamber measure- 
ments, we have a situation intermediate between 
this and large rooms in which the particle picture 
comes more nearly fitting the facts. Hence the 
difficulties in securing agreement in our measured 
results and doubts as to the existence of a unique 
value of the absorption coefficient as determined 
by reverberation methods. 

The situation is essentially the same as that 
which existed up until very recently and I 
suppose still exists to a degree in the field of sub- 
atomic physics. The generalizations of field 
physics break down when we come to apply them 
in a region of atomic and sub-atomic dimensions. 
What look and behave like particles on a large 
scale turn out to be waves when examined on the 
atomic scale. This led to the uncertainty principle 
of Heisenberg. In sound chamber acoustics we 
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have the uncertainty without the assurance 
afforded by an uncertainty principle. 

Very recently a theoretical approach has been 
made to the problem by quantum methods of 
analysis. M. J. O. Strutt has pointed out that a 
law similar to Sabine’s law holds in widely 
different fields of physics. H. A. Lorentz an-. 
nounced that the very high characteristic fre- 
quencies in which a three-dimensional system 
without absorption may vibrate will depend 
only on the volume and elastic properties, inde- 
pendently of the shape. Jeans and Debye have 
developed a theory of radiation which leads to 
Planck’s law and is based on this proposition. 
The fact that the heat capacity of a body of 
metal is independent of. its shape attest the 
validity of the proposition. 

Strutt developed on broad theoretical grounds 
the validity of Lorentz’ proposition in systems 
with absorption and thence developed the 
logarithmic decay of sound in large rooms. The 
reasoning is general, the only limitation being 
that the wave-length is small in comparison with 
the dimensions. Strutt’s derivation leads to the 
conclusion that the rate of decay is independent 
of the position of the source and of the observer 
and also of the distribution of the absorption. 
These conditions are, of course, nothing more 
than our criterion of a diffuse distribution and 
random propagation of sound energy in our 
reverberation chambers, conditions which we 
try to approximate by revolving vanes, moving 
source and moving microphones. 

In his recent book on Vibration and Sound, 
P. M. Morse gives an approximate theoretical 
solution of the problem of the damped vibration 
of a three-dimensional elastic medium with 
damping at the walls, which in a rectangular 
room with small damping leads to the Rayleigh 
formula for the frequencies of the natural modes, 
with a decay rate which is the same for all 
frequencies whose waves strike all six walls and 
which is the same as the rate given by the 
elementary theory (due provision of course 
being made for the variations of the absorption 
coefficient with frequency). Multiple decay rates 
occur in cases where certain waves are reflected 
from only two or four walls. In such cases, the 
effective coefficient for those walls not reflecting 
the waves is half the actual absorption. 
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Morse’s analysis is based on the quantum 
treatment of the possible modes of vibration, is 
mathematically impressive and gives a neat 
mathematical explanation of what we already 
know. It gives a new conceptual background of 
the phenomena of sound in rooms, which to 
younger minds not too thoroughly impregnated 
with the older conceptions, may lead to new and 
more successful attacks both theoretically and 
experimentally on what must now be recognized 
as an unsolved fundamental problem of archi- 
tectural acoustics. 

Who knows but that fundamental research on 
the problem of what goes on inside our sound 
chambers may not throw some light on what goes 
on inside the atom, just as Knudsen’s work on 
atmospheric absorption has proven to be a 
distinct contribution to molecular physics. That 
is, I think, one of the possibilities of architectural 
acoustics in the field of pure science. 

As to the practical possibilities, we are assured 
I believe of a steadily increasing market for the 
products of our minds and factories in the way of 
cheaper, and more practical methods of sound 
control. Low cost housing offers a promising field 
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in the development of cheap wall and floor 
construction that shall be as good in the matter of 
sound insulation as, or possibly better than, the 
construction of the more expensive homes today. 
The last word in materials for acoustical cor- 
rection has not been said in the porous and 
perforated materials now so widely used. A more 
practical criterion of acoustical excellence in 


auditoriums, particularly for broadcasting studios _ 


of the auditorium type, than the measured 
reverberation times is something that might well 
be sought. It is worth noting that one of the best 
if not the best orchestral program on the air 
today comes from a hall which was built without 
any acoustical engineering whatsoever, in the 
days before the acoustical expert and the sound 
engineer were even heard of. 

The aim of architectural acoustics is a social 
one, directed toward the alleviation of the evil of 
noise and the enhancement of the enjoyment of 
speech and music. As long as our civilization 
moves towards social ends, architectural acoustics 
will continue an important branch of engineering 
science. 
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An Ear to The Future* 


VERN O. KNUDSEN 
University of California, Los Angeles, California 


HE golden age of sound should be just 

around the corner. The amelioration of 
impaired hearing, the conquest of noise, and a 
revolution in music and musical instruments 
promise to be some of the choicest fruits of this 
coming age. Even now, if we turn an ear to the 
future, we can “hear’’ the sound of things to 
come. The Acoustical Society of America has an 
opportunity to stimulate much of the research 
and development which will determine the sound 
of these things to come. This research and 
development is too large and important a task 
to be left to the chance efforts of a few interested 
individuals or even one or several of our largest 
laboratories. It is a task which calls for extensive 
participation by acoustical workers throughout 
the world and for the intelligent guidance of 
national and international societies representing 
such diverse interests as physics, engineering, 
physiology, otology, psychology, esthetics, music 
and the design of musical instruments. Fortu- 
nately, the Acoustical Society of America is 
made up of a membership which represents all 
these diverse interests and therefore is peculiarly 
well qualified to sponsor this comprehensive 
program which promises relief, comfort, and a 
richer life. It is a program which will enlist the 
cooperation of German and Italian as well as 
English and French workers—a cooperation we 
should all seek to foster, especially in times of 
international stress and misunderstanding. 


*p 


resented at the Tenth Anniversary Meeting of the 
Acoustical Society of America, New York, May 15, 1939. 
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Blackstone Studios 


Vern O. Knudsen 
President, Acoustical Society of America, 1933-1935 


I. THE AMELIORATION OF IMPAIRED HEARING 


The hard of hearing have been waiting, lo 
these many years, for the new and promised era 
of high quality hearing aids. Although it is true 
that the carbon, microtelephone hearing aid is a 
much better instrument than it was only ten 
years ago, it is yet far from ideal. The vacuum 
tube aid offers distinct advantages, but it has 
not yet gained popularity in this country. We 
may well look to England as a leader in the 
development of portable, vacuum tube hearing 
aids. According to reports I received last autumn 
from hearing aid concerns in London, approxi- 
mately one-half of the aids sold in England 
during 1938 were of the vacuum tube type. It is 
doubtful whether as many as one tenth of those 
sold in the United States last year were of 
this type. 

Numerous tests in this country as well as in 
England have demonstrated the superiority of 
the vacuum tube aid over the microtelephone 
aid. For example, Ewing and Ewing! found that 


1]. R. and A. W. G. Ewing, The Handicap of Deafness 
(Longmans Green, 1938), p. 145. 
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the average syllable articulation for four hard of 
hearing persons using a vacuum tube aid was 
72 percent when the speaker’s lips were 12 inches 
from the microphone and 67 percent when 40 
inches. With the use of a well-known micro- 
telephone aid the corresponding percentages were 
only 38 and 17. 

Tests in our hearing laboratory at the Uni- 
versity of California yield similar results. These 
tests show not only the value of high quality 
amplification but also the advantage of selective 
amplification in certain cases. Thus, a long series 
of speech articulation tests on an assistant who 
has a hearing loss (mixed conductive and per- 
ceptive) of 50 db at 128 to 512 cycles, and 
increasing to 90 db at 4096 cycles, reveals the 
following: With no hearing aid and with a man 
calling words to him in a loud voice from a 
distance of 2 feet, the standard syllable articula- 
tion was only 4 percent (and was reduced further 
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Fic. 1. Below: (1) audiogram by air conduction; (2) equal 
loudness curve of comfortable loudness. Above: (3) ampli- 
fication characteristic prescribed on basis of (2); (4) am- 
plification curve of amplifier containing Filter LFA-6— 


this amplification approximates that prescribed on the 
basis of (2). 
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Fic. 2. Percentage syllable articulation as a function of 
the level of the speech above threshold for the person and 
amplifier of Fig. 1. The dashed curve is for a person with 
normal hearing, and for uniform amplification. 


to only 0.4 percent when the caller was a 
woman). With his portable aid, of the micro- 
telephone type, the articulation was 21 percent. 
With a portable vacuum tube aid the articulation 
increased to 45 percent, and with our laboratory 
high quality amplifier, using uniform amplifica- 
tion for all frequencies, there was a further 
increase to 60 percent. When this uniform 
amplification was modified so that for frequencies 
above 128 cycles the amplification increased 
gradually with increase of frequency, as shown 
in Fig. 1, the articulation reached 72 percent. 
The amplification curve is based on an equal 
loudness level curve of comfortable loudness. 
The manner in which the articulation depended 
upon the level of the speech above the subject’s 
threshold, both for uniform and for selective 
amplification, is shown in Fig. 2. Similar but 
less extensive tests on several other persons 
reveal the benefits of high quality, and in some 
instances selective, amplification. 

In addition to these exacting requirements, a 
hearing aid should be binaural. As compared 
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with monaural hearing, binaural hearing pos- 
sesses several advantages: (1) an increased 
loudness level of about 3 phons, which in certain 
cases of nerve impairment is highly desirable; 
(2) a better resolving power both in respect of 
frequency and intensity; (3) greatly improved 
sense of sound localization; (4) it is less sensitive 
to the disturbing effects of room reverberation; 
and (5) it possesses greater ability to focus 
attention on the source of sound to which one is 
listening and to disregard extraneous noises. 

In order to determine whether speech can be 
heard better with both than with a single ear, 
N. A. Watson and I have conducted speech 
articulation tests on a group of eight trained 
assistants with normal hearing, first with both 
ears open and then with one ear canal closed 
with a special type of stopper? which introduced 
an attenuation of about 35 db. In one room 
having a volume of 20,000 cubic feet, and a 
reverberation time of 1.2 seconds,’ the average 
articulation for the group of listeners was 88 
percent with both ears open and 85 percent with 
only one ear open; in another room having a 
volume of 9500 cubic feet and a reverberation 
time of 2.8 seconds,® the articulation was 72 
percent for the binaural listening and 69 percent 
for the monaural. Although these differences are 
small, it is highly probable they are real, since 
all listeners, with the exception of one observer 
in the less reverberant room, exhibited con- 
sistently higher scores with binaural hearing 
than they did with monaural. Several of the 
assistants in these tests remarked that with one 
ear canal closed the speech did not sound 
natural; they also were aware of an increased 
effort to keep their attention focused on the 
position of the speaker during the monaural 
tests. On other occasions I have engaged in 
group conversation with one of my ears closed, 
and have found it difficult to shift auditory 
attention from one speaker to another; it is 
especially trying when two or more persons 
speak at the same time. 

Hearing with two ears as compared with one 
ear (but using a single microphone and a single 


* This is described in Section II. 

’These times are for 512 cycles; at 128 cycles the 
reverberation time was about 25 percent longer, and for 
frequencies from 512 cycles to 2048 cycles the reverberation 
characteristic was flat within +0.2 second. 
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amplifier) has been tested in our laboratory in 
the case of a Mr. O--- who has a mixed impair- 
ment but principally of the conductive type. 
The left ear has a loss of about 40 db from 128 
to 1024 cycles, gradually increasing to 70 db at 
8192 cycles; the right, 60 db from 128 to 1024 
cycles, increasing to 85 db at 8192 cycles. When 
speech was amplified uniformly to a comfortable 
level—a level of 18 db above the threshold at 
which he begins to hear speech—, first for one 
ear and then the other, he showed an articulation 
of 60 percent with the right ear and 70 percent 
with the left. But when the speech was com- 
municated to both ears, with the level for each 
ear adjusted to 18 db above its threshold, the 
articulation was 85 percent. The differences 
between the percentage articulations for one ear 
and both ears were less marked at higher speech 
levels, but at all levels, and especially at com- 
fortable ones, there was a decided advantage in 
favor of hearing with both ears. 

Although the audiograms for both ears of 
most persons with impaired hearing are strikingly 
similar, there are many instances where the 
differences are great enough to justify a separate 
amplifier for each ear, each adjusted to the 
peculiarities of the ear to which it is fitted. 
Even when both ears are alike, especially in 
cases of nerve or cochlear impairment, there 
appears to be justification for the use of binaural 
aids. Mr. Poliakoff of the Multitone Electric 
Company, London, employs a_ two-channel 
system in such a manner as to accomplish what 
he calls ‘‘unmasked’”’ hearing. Only one micro- 
phone and one amplifier are used but there are 
two receivers, one of which transmits to one 
ear the entire band of frequencies while the other 
receiver, associated with a _ high-pass filter, 
transmits to the other ear only frequencies higher 
than about 1000 cycles. It is claimed that when 
one or both ears listen to the entire range of 
amplified frequencies, the low frequencies mask 
the high ones—particularly so in cases of per- 
ceptive impairment where there is relatively 
little hearing loss for low as compared with the 
high frequencies. When only the higher fre- 
quencies are transmitted to one ear, this ear is 
relieved from the masking effect of the lower 
ones and hence, it is claimed, has the advantage 
of ‘‘unmasked”’ hearing. Poliakoff’s system is an 
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example of hearing the low frequencies with one 
ear and the high ones with the other, a phe- 
nomenon well known to telephone engineers. 
As a result of some demonstrations I witnessed 
in Poliakoff’s laboratory, and also some prelimi- 
nary experiments conducted by N. A. Watson 
in our laboratory, I believe it is well worth 
while to ascertain the possible advantages of 
hearing aids based on this principle. 

It should be recognized that there are special 
cases of diplacusis—an auditory defect in which 
the same tone will be perceived as having a 
certain pitch when heard with one ear and a 
different pitch when heard with the other—for 
which monaural hearing will be better than 
binaural. However, in some cases of diplacusis, 
this anomalous defect exists only for a restricted 
range of frequencies. We have in our files the 
record of a hard of hearing person who has 
normal pitch perception in his right ear through- 
out his entire range of hearing but a marked 
diplacusis in the left ear for frequencies above 
2000 cycles. Even in this case binaural hearing 
might prove to be advantageous, provided only 
the low frequencies be communicated to the 
left ear and the high frequencies to the right ear. 

In the golden age of sound, hearing aids will 
be of the binaural type, will provide high quality 
amplification, will be free from excessive ad- 
ventitious noise, and will be individually pre- 
scribed and fitted to each ear on the basis of 
audiometric and other pertinent tests. 


II. THE CONQUEST OF NOISE 


The golden age of sound will not be reached 
until that universal nuisance, noise, has been 
subdued. It is true that man’s reactions to noise 
are varied. Occasionally someone will become so 
habituated to noise as to find it a fine tonic or 
even an aid to his work and sleep. But most 
people sense it as a deadly attack upon the 
nervous system, and seek refuge from its din 
and destruction. 

Noise is an enemy of mankind, far more 
devastating than is generally recognized. Visit 
a boiler factory, and stand beside a worker 
whose pneumatic hammer is pounding ten or 
more strokes per second against the resonating 
walls of steel plate. You probably will feel pain 
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in the ears, and you surely will experience a 
dullness of hearing for several minutes after 
leaving the noise. 

Dr. G. W. C. Kaye, who in 1937 was President 
of Section A‘ of the British Association for the 
Advancement of Science, emphasized the im- 
portance of the noise problem by choosing as the 
subject of his presidential address, Noise and 
the Nation. Dr. Kaye remarks that there has 
developed in England “‘a public consciousness of 
the insidious growth of the social evil of needless 
noise.”” And with his characteristic humor, Kaye 
continues, ‘‘All this is not to say that John 
Citizen cherishes the ideal of a completely silent 
world, for due noise in due season unquestionably 
contributes to the spice of life.’’ If noise, its 
measurement and abatement, is given the honor 
of a presidential address before a distinguished 
section of the British Association, it seems 
appropriate that the Acoustical Society of 
America should give active attention to this 
public nuisance which impairs the hearing of 
millions of factory workers, which robs countless 
city dwellers of quiet leisure and restful sleep, and 
which exacts an even greater toll in its effects 
upon the general nervous systems of mental 
workers, neurotics, hospital patients, and many 
others who are noise-sensitive. 

Most of these injurious effects of noise are 
preventable. Acoustical engineers, health officials 
and the public, working together, can conquer 
the noise menace. Engineers have made impor- 
tant contributions during recent years in the 
design of more quietly operating machinery 
and motor cars, and in the reduction of noise in 
buildings by means of sound insulation and 
acoustical treatment. On the other hand, rela- 
tively little has been accomplished, or even 
attempted, in the development and use of 
effective ear stoppers or defenders. Simple wax 
or rubber stoppers in the ear canals will reduce 
noise by as much as 25 to 30 db. When it is 
realized that it usually is costly to reduce 
machinery noise by as much as 10 db, and that 
the acoustical treatment of noisy rooms will 
rarely effect a reduction of more than 8 to 10 db, 
it seems strange indeed that so little use has 
been made of acoustical devices for protecting 
the ears against noise. 


4 Mathematical and Physical Sciences. 
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Fic. 3. Circuit diagram for an ear defender. 


The writer has procured specimens of ail types 
of ear stoppers available in the United States 
and Europe, has made a search of the patent 
and technical literature, and has consulted 
numerous persons and catalogs at medical and 
surgical supply houses. Such a search failed to 
reveal a single ear defender that appeared to be 
designed in accordance with acoustical trans- 
mission theory. Many patented ear stoppers, 
usually of rubber composition, have been devised 
for swimmers. Some of these are in the form of a 
rubber cup which closes over the opening to the 
auditory canal; others are rubber plugs which 
are inserted in the canal. 

The ‘“‘Audiphone”’ and the “‘Beach and Pool”’ 
are typical of those available in the United 
States, and the “Li-Lo Ear Plug”’ is a typical 
British one. There are many patented or trade- 
marked mixtures of cotton and wax (also potters’ 
clay in one case) which are molded into the ex- 
ternal ear and the entrance to the ear canal, and 
thus close the ear against the entry of sound. 
These appear to be used much more extensively 
in England and Germany than in the United 
States. 

The writer has tested, by means of an audi- 
ometer, the sound insulating properties of 
typical cotton, wax and cotton, and rubber ear 
stoppers. These tests reveal that for a frequency 
of 512 cycles cotton stuffed in the ears provides 
an insulation of 7 db; cotton rolled into a tight 
taper provides 12 db; wax or wax and cotton 
mixtures, 25 to 30 db; and the various rubber 
stoppers, 25 to 30 db. 

While the amount of noise reduction furnished 
by the ear stoppers referred to above is very 
beneficial, and is adequate for some purposes, 
there are many occasions when a greater reduc- 
tion is necessary or desirable. In order to in- 
crease the insulation beyond that furnished by a 
plastic or solid plug in the ear canal it is necessary 


to make use of elementary principles of sound 
insulation. 

Figure 3 is a schematic diagram of a typical 
transmission (or insulation) system made up of a 
series of acoustical impedances Z1, Z2, Z3, -°° 
coupled by means of other acoustical elements 
or impedances Z12, Z23, . . . Each element may 
be comprised of series and/or parallel combina- 
tions of inertance, compliance, and resistance. 
It is possible, by means of well-known network 
theory and calculations, to design mechanical or 
acoustical devices of the general type illustrated 
by Fig. 3 which will provide almost any required 
transmission characteristic; that is, the ratio of 
the transmitted to the incident sound energy 
throughout an assigned frequency range, as the 
audible range, can be reduced to meet certain 
specified requirements. 

A simple application of the principle illus- 
trated in Fig. 3 is a double-walled partition in 
which the two septums are insulated or “‘loosely 
coupled”’ by means of flexible separators or air 
spaces. The writer has devised an ear defender, 
based upon this principle. It is essentially a 
tapered rubber tube containing an outer plug 
of heavy metal (this is Z; of Fig. 3), and an inner 
plug of soft rubber (Z2). The two plugs, which for 
high insulation against sound should have in- 
ertances as large as possible, are coupled by 
means of an air space and the rubber walls of the 
tapered tube (Zi2). The rubber is pure gum 
surgical rubber, nonirritating and nontoxic. 

In Table I are the results of sound insulation 
measurements on an ear defender of the type 
just described, carefully fitted to the ear so that 
both outer and inner plugs effectively closed the 
ear canal. (Complete closure of the canal by 
both outer and inner plugs is a prime requisite 
for high insulation.) The insulation was deter- 
mined by means of an audiometer, with which 


TABLE I. 








INSULATION IN db MEASURED 
WITH SONOTONE AUDIOMETER 


FREQUENCY OF TEST TONE, 
CYCLES PER SECOND 





128 40 
256 45 
512 55 
1024 50 
2048 45 
4096 50 
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the threshold of hearing was measured in a sound- 
proof room at the indicated frequencies, first 
with the ear canal unobstructed and then with 
the defender in the ear canal. The difference 
between these two threshold readings provides a 
reasonably satisfactory measurement of the 
insulation furnished by the defender. 

Although ear defenders are effective in ex- 
cluding air-borne sounds, they offer no barrier to 
bone-conducted sounds; in fact, the occlusion of 
the canal increases the acuity for the hearing of 
all bone-conducted sounds having a frequency of 
less than about 2000 cycles per second. This 
increase in acuity, however, is relatively small, 
and it is only in occupations where the workers 
are in direct contact with vibrating objects, 
such as vibrating floors or hand-drills, that 
bone-conducted sounds are at all comparable in 
loudness with the air-conducted ones. 

In such occupations, special provision should 
be made to insulate the workers against the ill 
effects of solid-borne vibrations, not only for 
the exclusion of audible vibrations but also for 
sub-audible ones which may inflict serious in- 
juries to the vestibular mechanism and to other 
vital organs and parts of the body. Although 
solid-borne vibrations are a serious menace to 
good health in certain occupations, the principal 
noises which plague modern civilization are 
air-borne. 

Ear defenders can perform a highly beneficial 
service in saving ears and nerves from the in- 
jurious effects of air-borne noise. To be able to 
shut off the noise (or at least reduce it 35 to 
40 db) at any desired time by simply wearing 
inconspicuous stoppers in the ears should prove 
important: (1) in conserving the hearing of those 
who work in the presence of continued loud or 
occasional explosive sounds; (2) in promoting the 
recovery and welfare of the sick, the neurotic, 
and all whose nerves are irritated by noise; and 
(3) in facilitating efficient work, quite leisure, 
and sound sleep for all who desire freedom from 
noise. Ear defenders thus provide another device 
which may be used to advantage in the coming 
conquest of noise. 


III. MopERN AcousTics AND Music 


There can be little doubt that the music of 
the future will be revolutionized as the result 


of modern developments in acoustics. It js 
customary for musicologists to refer to the pro- 
found changes in music which are in prospect as 
sequelae to the phonograph, radio, and cinema, 
It is suggested by some authorities that the 
modern period in music may date from ‘The 
Jazz Singer.’’ But it seems more probable to an 
acoustician that recent discoveries in the nature 
of music and hearing, and especially develop- 
ments in electromusical instruments, will mark 
the beginning of the world’s greatest era in music, 
This assumes, of course, that in the future nature 
will be no less prodigal in her gifts to musical 
composers than she has been in the past. 
Acousticians can yet contribute much to 
music by making a systematic and comprehen- 
sive investigation of the quality of both steady 
and transient tones. What Fletcher and others 
have accomplished in behalf of loudness should 
encourage others to pursue the study of quality 
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Fic. 4. Octave filter oscillograph. (Trendelenburg, 
Thienhaus and Franz.) 


or timbre. Although not an ordinal aspect of 
sound, as loudness is, there are many aspects of 
timbre which are suitable for further investiga- 
tion; such investigations should not only throw 
new light on the nature of hearing but also 
should prove of value in the design of musical 
instruments which generate controlled synthetic 
tones. 

Among the many problems which should be 
investigated may be mentioned: 

1. Is there such a characteristic of sound as 
identity of timbre for tones of different loudness 
level, and if so what are the harmonic structures 
of two tones which have the same timbre but 
not the same loudness? (We have made some 
preliminary comparisons of two-component tones, 
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made up of first and second or first and third 
harmonics, which indicate that two tones of the 
same pitch but of different loudness can be 
adjusted such that they will seem to have the 
same timbre.) Similarly, what are the criteria for 
identity of timbre of two tones of the same 
loudness but of different pitch? 

2. Do partials which are individually masked 
influence timbre, and if so, as is claimed by some 
investigators, to what extent? Is a fluctuation in 
intensity of such a masked partial discernible? 
Lewis and Larsen already have shown that the 
loudness of an aural difference tone can be al- 
tered by adding a very feeble tone of the same 
frequency—so feeble at certain phases that the 
added tone, in isolation, is below the threshold 
of audibility. 

3. What is the effect on timbre of adding in- 
harmonic overtones, such as the one observed 
in the “Lieblich gedackt” register of the pipe 
organ, or the normal frequencies of organ pipes 
vibrating radially, of rods vibrating transversely, 
or of bells excited in the usual manner? How 
much can a certain harmonic in a complex tone 
be mistuned before a change in quality is 
discerned? 

4. What is the role of subharmonics in de- 
termining tonal quality? 

5. What are the factors which determine 
whether a series of harmonic or inharmonic 
components will fuse into a single, complex tone 
or be heard separately? 

6. Are specific roles or characteristics identi- 
fiable with each of the partials of a complex 
tone? For example, is it true, as Jeans maintains, 
that “‘the second harmonic adds clearness and 
brilliance but nothing else,’”’ that the third 
harmonic introduces a ‘‘thickening of tone, and 
adding to it a certain hollow, throaty and nasal 
quality?”’ Are the “‘prescriptions”’ furnished with 
the Hammond electric organ adequate for com- 
pounding “‘string,’’ ‘‘diapason,” “‘clarinet,’’ or 
“reed” tones? 

7. To what extent can the growth and decay 
of the several harmonics of a complex tone 
influence quality? In existing musical instru- 
ments the dissipative forces are such that the 


Pg James Jeans, Science and Music (Macmillan, 1937), 
6. 


p. 


damping increases with the frequency, and 
therefore the lower partials build up and die out 
much more slowly than do the higher partials. 
It would be interesting to experiment with the 
musical effects which would result from a 
planned control of the ‘‘time constants” of the 
different partials of complex tones. 

8. What is the role of harmonics in deter- 
mining the character of musical intervals? For 
example, how much mistuning of one component 
is required to destroy the perception of the 
octave, fifth, etc., (a) when the two components 
are pure tones so feeble as to be free from aural 
harmonics, and (b) when the two components 
are accompanied by objective or subjective 
harmonics? Although much work has been done 
on this problem (and also on some of the prob- 
lems mentioned above), most of this work 
should be repeated with the improved apparatus 
now available, and the results obtained should 
be studied in the light of our modern knowledge 
of hearing. 

Experiments such as those on the violin by 
Professor Saunders at Harvard and by Dr. 
Meinel in Berlin, and those on the organ by 
Professor Trendelenberg, are revealing the pe- 
culiar characteristics of outstandingly good in- 
struments. Designers of modern electrical organs, 
for example, should heed the findings of Tren- 
delenburg, obtained with the “‘octave-filter os- 
cillograph” in his study of famous German 
organs. Fig. 4 is a block diagram of the oscillo- 
graph, and Fig. 5 is an octave-filter oscillogram 
of an organ tone from a register named “‘Lieblich 
gedackt.”’ It will be seen that the fundamental 
builds up slowly, requiring 0.15 second to reach 
its full strength or steady state. (In the ‘‘Prin- 
cipal’”’ register the fundamental component of 
the pipe for C requires 0.6 second to reach its full 
strength.) The higher harmonics are more lively. 
There is also in the “Lieblich gedackt’’ register 
an overtone which is not harmonic—its frequency 
is about 5.5 times that of the fundamental. This 
is shown in the 1200—2400-cycle band at the top 
of Fig. 5. This peculiar component builds up very 
quickly and in fact has run its complete course 
before the fundamental is fairly started. This 
sprightly overtone is especially effective in 
rapidly moving fugues, and imparts a distinctive 
character to this register. If the designers of 
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Fic. 5. Octave filter oscillogram of ‘“‘Lieblich gedackt” 
organ pipe. (Trendelenburg, Thienhaus, and Franz.) 


electric organs wish to simulate such tones, or 
produce new ones of comparable interest and 
variety, they must do more than synthesize 
harmonic components. Such syntheses will pro- 
vide the steady states of musical tones but the 
transient states, which are no less important, 
require the independent control of the growth 
and decay of all harmonic, and probably some 
inharmonic, components. 

Already the designers of electric organs are 
incorporating in their tonal generators electric 
networks, usually of resistance and capacitance, 
which provide a control of growth and decay of 
the separate tonal components which should be 
far superior to the characteristic transient effects 
inherent in the pipe organ, and in most other 
instruments, in which the damping increases with 
the frequency. 

In designing instruments for synthetic music, 
it should be borne in mind that music may be 
accompanied by a background of adventitious 
noise or ‘‘unpitched sound.” This can be fur- 
nished, for example, by thermal noise, suitably 
amplified and filtered. It would be interesting 
to furnish modern composers with such a thermal 
noise type of musical instrument. Certainly the 
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acoustical engineer can devise instruments for 
percussional or frictional sounds which com. 
posers, musicians, and the large listening public 
will prefer to such “instruments” as a fireman’s 
axe in a bucket. What appears to be needed is 
an instrument similar to that developed by Bell 
Telephone engineers for the artificial production 
of speech—a type of ‘‘Voder’’ which not only can 
imitate or suggest the sounds of nature, as the 
rolling and breaking of waves at the seaside, the 
roaring and splashing of waterfalls, or the mur- 
muring of trees in the forest, but also can produce 
myriads of sounds heretofore unheard or even 
unimagined. Some of these new sounds fashioned 
from thermal noise could be made definitely 
musical by filters which would select tonal bands 
forming a harmonic series; varied transitions 
from the tonal and harmonic to the atonal and 
inharmonic could be made continuously or by 
discrete steps. A visual analog suggests itself 
where a background of blacks, whites, and grays 
enriches the colors which portray the main 
theme or subject of a painting. Modern acoustics 
can and should furnish the musical artist with 
new tone colors and new sound effects which a 
Wagner or even contemporary composers could 
utilize to enhance the beauty, interest, and 
emotional effects of music. 

I shall conclude this reverie with the hope 
that when we commemorate the twentieth 
anniversary of the Acoustical Society of America 
we shall be able to review a decade of beneficent 
progress toward the golden age of sound. 
Threatening war clouds may require us to con- 
tribute our scientific and technical resources for 
the development of military acoustics. If so, 
I trust we shall not be found wanting; but how 
much worthier our efforts will be if we are per- 
mitted to help the hard of hearing, to contribute 
to the making of a more quiet world, and to 
join hands with those who gladden the heart with 
music. 
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The Absorption Coefficient Problem* 


F. V. Hunt 
Cruft Laboratory, Harvard University, Cambridge, Massachusetts 
(Received June 2, 1939) 


HE existence of an “absorption coefficient 

problem” ten years ago provided one of 
the motivating influences which, in 1928, drew 
together the group of men who founded the 
Acoustical Society of America. It is, therefore, 
singularly appropriate that this anniversary 
meeting of the Society should open with a 
session devoted to the problems of architectural 
acoustics. The immediate aim of this symposium 
is to clarify the issues involved in the determi- 
nation of the absorption coefficients of acoustical 
materials and in the successful application of 
these materials in auditoria to secure specified 
reverberation characteristics. The scope of the 
discussion is intended to include only the fore- 
going objective problems, except insofar as 
subjective considerations may influence our ob- 
jective practices. 

We have on exhibit here a sample of the first 
unit of acoustical absorption: ‘“‘one Sanders 
Theatre seat cushion,’ as used by Wallace 
Clement Sabine in his pioneer experiments in 
1896. We have made much progress since that 
date, but it should not require many words on 
my part to convince you that we still have a 
problem on our hands. Prior to 1925 there were 
relatively few acoustical materials available and, 
in our present terms, their use was relatively 
limited. The following eight years witnessed a 
large increase in the efficiency, number, and 
variety of available acoustical materials. Un- 
fortunately there was a corresponding increase 
in the variety of absorption coefficients assigned 
to identical materials by different testing labora- 
tories, so that this period became fondly known 
as the “battle of the coefficients.” It was, 
happily, a battle fought without rancor and if 
there was uncertainty about the “true coeff- 
cient” of the new materials it was at least 
certain that the consulting engineer and the 
architect were acquiring useful and efficient 
materials. During this same period there was a 
rapid development of apparatus and methods 


* Presented at the Tenth Anniversary Meeting of the 
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for the objective measurements of reverberation 
time, commencing with Wente and Bedell’s 
spark chronograph! and progressing through 
Chrisler’s studies with direct oscillographic 
recording,’ the curve tracing method identified 
as the Norris-Andree* method which was later 
modified by both Knudsen* and myself,® and 
culminating in the development of the high speed 
sound level recorder.*® Paralleling these different 
techniques there have been many modifications 
of the familiar stop-watch timing method, such 
as that developed at Riverbank Laboratories, 
the National Bureau of Standards,’ in our own 
laboratory,* and elsewhere, for systematically 
obtaining point-by-point data for the construc- 
tion of a sound decay curve. 

It is a sad observation that these improve- 
ments in our apparatus armament did not 
provide solutions for the technical problems 
concerning absorption coefficients but only 
produced new evidence that a real solution was 
needed. In 1930 C. F. Eyring® proposed his 
well-known reverberation formula, marking the 
first significant improvement in the classical re- 
verberation formula proposed by Wallace Sabine. 
During the following three years Andree," 
Millington," and Sette proposed further modi- 
fications in the method of averaging absorption 
coefficients. Various private attempts were made 
to compare absorption coefficients measured in 
different reverberation chambers, without nota- 
ble success, and in 1933 a joint committee of 
the Acoustical Society of America and the 


1E. C. Wente and E. H. Bedell, J. Acous. Soc. Am. 1, 
422 (1930). 

2V. L. Chrisler, J. Acous. Soc. Am. 1, 418 (1930). 

3R. F. Norris and C. A. Andree, J. Acous. Soc. Am. 1, 
366 (1930). 

4V.O. Knudsen, J. Acous. Soc. Am. 5, 112 (1933). 

5F. V. Hunt, J. Acous. Soc. Am. 5, 127 (1933). 

6 E. C. Wente, E. H. Bedell, and K. D. Swartzel, Jr., 
J. Acous. Soc. Am. 6, 121 (1934). 

7™W. F. Snyder, Nat. Bur. Stand. J. Research 9, 47 
(1932) RP457. 

8 F, V. Hunt, J. Acous. Soc. Am. 8, 34 (1936). 

9C, F, Eyring, J. Acous. Soc. Am. 1, 217 (1930). 

10C, A. Andree, J. Acous. Soc. Am. 3, 535 (1932). 

1G, Millington, J. Acous. Soc. Am. 4, 69 (1932). 

2 W. J. Sette, J. Acous. Soc. Am. 4, 193 (1932). 











ation 
dell’s 
ough 
phic 
tified 
later 

and 
peed 
rent 
tions 
such 
ries, 
own 
cally 
truc- 


‘Ove- 
not 
lems 
only 
was 
| his 
the 
I re- 
bine. 
“ee 10 
10d i- 
ytion 
nade 
d in 
10ta- 
e of 


the 


m. 1, 


m. 1, 





ABSORPTION 


American Standards Association undertook an 
international comparison, sending samples of 
identical material to different laboratories. The 
net result of this large scale comparison was a 
conspicuous failure to establish a common ground 
for the precise evaluation of absorption coeffi- 
cients. This was elegantly summarized by R. F. 
Norris®* who computed by an extrapolation from 
the data that an absorbing sample exceeding 
600 square feet in area would, according to 
these measurements, emit sound rather than 
absorb it! At this juncture the leading manu- 
facturers of acoustical materials banded together 
in an Association and wisely decided to declare 
an armistice in the battle of the coefficients and 
to agree to regard a single laboratory as “‘official.”’ 
This would at least provide a common basis for 
comparing the relative efficiency of acoustical 
materials and would leave to the practicing 
engineer the problem of applying these measure- 
ments to secure satisfactory acoustical results in 
the field. It is one of the aims of this symposium 
to review the terms of this armistice and to 
consider the usefulness of the present procedure 
in meeting the practical problem of applying 
acoustical materials successfully in the field. 

In seeking a tentative answer to the preceding 
questions the program committee directed a 
brief questionnaire to a small group selected 
more or less at random from the Society member- 
ship list. The replies to this questionnaire can 
be summarized as in substantial agreement with 
the following statements: 

Coefficients of the same material measured in dtf- 
ferent laboratories are not usually in agreement. 

Field measurements yield smaller coefficients 
than laboratory measurements. 

Increasing the sample size leads to smaller 
coefficients but this effect will not explain the 
preceding discrepancies. 

One may make the obvious deduction that 
something is gravely wrong, either with our 
language, with our theory, or with our experi- 
ments. None of the respondents to the question- 
naire had any challenge to direct toward the 
measurement of sound decay curves but many 
did question the theory applied to interpret 
these measurements and the language in which 
the results are expressed. There was, moreover, 


= R. F. Norris, J. Acous. Soc. Am. 6, 43 (1934). 
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PROBLEM 39 


general agreement that we cannot hope to obtain 
consistency between laboratory and field meas- 
urements until we learn how to obtain con- 
sistent results among different laboratories. 

It is usually profitable when faced with such a 
dilemma to step back and examine critically the 
fundamental physical assumptions upon which. 
the theory is based. In the present case the 
important assumptions underlying the derivation 
of all of the current reverberation formulas can 
be summarized in the following sentence: The 
analysis of sound decay considers the space 
average of the intensity of sound waves which 
are in a diffuse state and which suffer a reflection, 
after traveling the mean free path, with a material 
having an average absorption coefficient independ- 
ent of the size and placement of the absorbing 
sample. These assumptions lead to 


ct d 
I=I,exp—S log (1—&) = Iyp>exp ———t,_ (1) 
4V 4.3 


xv 


in which d is the decay rate in decibels per 
second and is simply related to the conventional 
reverberation time through the formula 


F 60 1200 $1 , . 

- (—S log (1—@)) (2) 

with V and S in feet and d in db/sec. 
Experimentally the quantity which we meas- 
ure in all cases is the decay rate. While we may 
achieve space averaging by the use of multiple 
or rotating microphones, we do not measure 
sound intensity but sound pressure; the sound 
waves are not in a diffuse state, especially with 
highly absorbent samples; the mean free path is 
a conception which is seldom justified; and the 
average absorption coefficient is not independent 
of the size and placement of the material. As a 
matter of fact, the term absorption coefficient is 
defined according to our Standards Committee" 
as the ratio of the energy absorbed to that 
incident upon the sample when the incidence is 
at random angle, so that we are not strictly 
entitled to employ the term absorption coefficient 
at all unless the condition on diffusion is strictly 
satisfied. This assumption is not satisfied in our 
reverberation chambers, in spite of rotating 


14 J. Acous. Soc. Am. 2, 314 (1931). 





40 r+ we 


vanes, as is evidenced by many reports of 
measurements made with a directional micro- 
phone, and it is even less well approximated as 
materials are usually applied in the field. I 
submit, therefore, that under our present defini- 
tion of the term absorption coefficient we have 
little scientific justification for considering it 
either a unique or measurable property of a 
sound absorbing material. We can and should, 
I believe, put some kind of special tag on this 
term “‘absorption coefficient”’ and assign to it its 
present explicit meaning, namely the answer 
obtained when certain numbers are placed in a 
certain formula, the numbers being obtained by 
means of certain specified operations performed 
under specified conditions. I suggest for this 
tag the term ‘‘chamber coefficient’’ since the 
quantity 7s certainly a function of the room in 
which the measurements are made. Thus a 
measurement in our reverberation chamber 
would be reported as “Harvard Chamber Co- 
efficient—N square feet of such-and-such ma- 
terial—0.65.”’ This is admittedly a cumbersome 
statement but the term itself assists in denying 
the presumption that the same formula and the 
same ‘‘coefficient”’ will always predict accurately 
the observed decay rate. 

In view of the relatively unsatisfactory situa- 
tion described above it seems worth while to 
undertake a new analysis of sound decay which 
will avoid the assumptions that are variously 
approximated in different experimental circum- 
stances. For example, we can avoid the difficulty 
of considering the space average of intensity by 
writing our equation in terms of the decay of 
pressure at some particular specified point. Since 
it is probable that we shall not be able experi- 
mentally to achieve a state of diffusion equiva- 
lent to that assumed in the statistical formula, 
we set ourselves the task of computing how, 
under the experimental conditions the sound 
energy does distribute itself within the enclosure. 
To be useful this computation of the state of 
diffusion must include the influence which the 
absorbing material exerts on the distribution of 
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energy. If we are able to carry out this computa- 
tion then we need not make any assumption or 
statistical computation of a mean free path. 
Instead we may compute for each component of 
the total energy the actual path length between 
reflections. Lastly, instead of attempting to 
average the absorption coefficient for random 
angles of incidence, let us, by some independent 
experiment if necessary, determine the reflection 
coefficient for the material at each angle of 
incidence. Then if we can apply this reflection 
coefficient to each component making up the 
total sound energy in the room, we will emerge 
finally not with a single equation for the decay 
of sound in this enclosure, but with the summa- 
tion of as many individual decay equations as 
there are elements into which we have divided 
the total sound energy. This is a systematic and 
logical method of attacking the problem provided 
we are able to carry out each of the individual 
operations I have suggested. The crux of the 
matter is, of course, the proper subdivision of 
the total sound energy in the room into a few 
elementary components in such a manner that 
the individual performance of each may be 
calculated from the dimensions of the room and 
a measurable and invariant property of the 
absorbing material. Fortunately a suitable basis 
for this subdivision and the calculation of decay 
constants for the resulting components has been 
offered recently by the analysis of the vibration 
of the air enclosed in a room in terms of normal 
modes of vibration. Examples of an application 
of this analysis will be reported in a separate 
paper. 

In planning this symposium the committee 
selected three points of view for special emphasis. 
These are represented by the testing laboratory, 
the field and design engineer, and the research 
laboratory. The two papers which follow were 
invited to represent the first two viewpoints; 
the remaining research papers give a stimulating 
picture of our current progress toward a better 
understanding of the behavior of sound in 
enclosed spaces. 
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Measurement of Sound Absorption Coefficients from the Viewpoint 
of the Testing Laboratory* 


Pau. E. 


SABINE 


Riverbank Laboratories, Geneva, Illinots 
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UR idea of the sound absorption coefficient 

of a surface is carried over from the optical 
analogy of the reflectivity of a surface for light. 
All reverberation theory and methods of meas- 
urement of absorption coefficients now extant 
are based on this conception of the dissipation 
of sound energy within a closed space. The 
fundamental assumptions underlying both theory 
and practice are as follows: 

(a) That for the widely varying distribution 
of sound energy density that actually exists in 
the reverberant sound within a closed room we 
may substitute an average density which is the 
statistical mean of the distributed densities. 

(b) That in place of the normal modes of 
vibration of a three-dimensional continuum we 
may substitute a diffuse distribution of energy 
flow within a room in which all directions of 
flow are equally probable. 

(c) That the total sound energy which is 
incident upon different portions of the bounding 
surface during the course of the decay period is 
proportional to the respective areas of those 
portions independently of their respective 
absorptivities. 

(d) That the geometry of the room and the 
distribution of absorbents in it are such that the 
idea of a ‘‘mean free path’’ of an element of a 
sound wave between reflections may be assumed 
to apply to the room as a whole. 

(e) That there exists for any material surface 
a single numerical coefficient of absorption for 
sound having the random distribution of incident 
angle assumed in adiffuse sound field and that the 
product of this coefficient and the area of the 
surface gives the contribution of that surface 
to the total equivalent absorption (as measured 
by the rate of decay) of any room in which the 
material in question forms a part of the exposed 
interior surface. 

Assumptions (a), (b) and (d) may reasonably 
be assumed to hold in reverberation chambers 

* Presented at the Tenth Anniversary Meeting of the 
Acoustical Society of America, New York, May 15, 1939. 
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in which the conditions are such as to give a. 
true logarithmic decay, the rate of which is 
constant independent of the position of the 
source, the microphone or the absorbent sample. 
Assumption (c) does not hold under the usual 
conditions of measurement of absorption coeffi- 
cients in reverberation chambers, as witness the 
so-called ‘‘area effects’’ observed in all testing 
laboratories. It is highly probable that assump- 
tions (a), (b) and (d) cannot properly be made 
under the conditions that usually exist in field 
measurements. They certainly do not in the 
case of large office spaces with extended ceiling 
treatment and in auditoriums with balconies 
and other recessed spaces. A diffuse distribution 
can hardly be assumed in large rooms with high 
absorption and correspondingly short decay 
periods. 

The foregoing leads to the conclusion that as 
a general proposition assumption (e) is un- 
warranted. Hence, the job of the testing labora- 
tories in the present state of knowledge is to 
find consistent numerical data by which ab- 
sorbent materials may be rated as to their 
relative absorbing efficiencies. At present, speak- 
ing generally, wide differences appear in the 
results of measurements made in different labo- 
ratories on presumably identical materials. 
Before prescribing a remedy it would be well to 
diagnose the case as carefully as possible and to 
see just how sick the patient really is. 

A committee of which Professor Watson was 
chairman was appointed several years ago by 
this Society to sponsor a program of cooperative 
research upon the part of various laboratories 
engaged in making absorption measurements 
with a view to standardizing test procedure, and 
if possible secure greater uniformity in the results 
of measurement. In 1933, this committee re- 
ported the results of tests made on samples of a 
commercial material taken from the same factory 
run by seven different laboratories. The results 
showed considerable variations as indicated in 
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Table I. Not all of the laboratories gave complete 
data, but the volumes of the four reverberation 
chambers reported ranged from 4600 to 15,000 
cubic feet. Test areas were between 72 and 
100 square feet. From the laboratories giving 
full details, it appeared that there was a con- 
sistent decrease in the measured coefficients 
with decreasing volume of the reverberation 
chamber for the frequencies 256 to 1024 in- 
clusive. The discrepancy at 2048 was little if 
any greater than can be accounted for by 
experimental error under identical conditions. 
The data suggest that it might be possible to 
secure agreement between the results of tests in 
large rooms and small rooms by specifying 
smaller test areas for smaller rooms, but they 
are insufficient to establish just what relation 
would come nearest to securing this desired 
result. 

The last Bulletin of the National Bureau of 
Standards, giving the results of measurements of 
absorption coefficients made there, and the 
Bulletin of the Acoustical Materials Association 
give published figures on a number of the same 
commercial materials from which it is possible 
to make comparison as to the findings of these 
two laboratories. The Sound Chamber of the 
Bureau has a volume of 15,000 cu. ft., and is 
fitted with rotating vanes on which the loud- 
speaker source is mounted. The microphone, I 
believe, is stationary. The Riverbank chamber 
where the A.M.A. tests were made has a volume 
of 10,000 cu. ft. and has rotating vanes on which 
the microphone is mounted. The Riverbank 
chamber has also the cylindrical columns de- 
scribed in the Journal of the Acoustical Society 
of America, July, 1938. 

Comparison of the table of agreements (Table 
II) with the agreement between independent 
measurements made in one laboratory indicates 
that on the average measurements on the same 
materials, but not identical samples, made in 
the two laboratories agree practically as well as 
two measurements made under identical condi- 


TABLE I. 








1024 2048 
High 0.12 058 0.92 0.95 0.82 


Frequency 128 256 512 


Absorption \ 


Coefficient { Low 0.10 031 0.69 0.69 0.52 
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_TaBLe II, Summary of comparison of absorption coeffi. 
cients of thirteen materials as measured at the National 
Bureau of Standards and at Riverbank Laboratories. 








128 256 512 1024 2048 





B.S. | Riv. | B.S. |} Riv. | B.S. | Riv. | B.S. | Riv. | B.S. | Ruy, 





Average for 13 
materials. .... 0.15 | 0.28 | 0.36 | 0.41 | 0.69 | 0.69 | 0.79 | 0.79 | 0.73 | 0.71 











ES 07; .14] .14] .23| 53] .50]| .50 57 46] .57 

Highest........| .19 AT 65 65 .97 98 .98 95 86) .90 

Max, diff........] .19] .47] .39| .65] .68| .58| .70] .57] .46 59 

Agreements 2 7 7 6 8 
(diff 0.05) 











tions on the same sample in the same laboratory 
for frequencies from 512 to 2048 cycles. Even at 
256 cycles slightly more than half the measure- 
ments made in the two laboratories differ by 
less than 0.05. At 128 cycles, however, there is 
an outstanding difference that would seem to be 
inherent in the two rooms. At this frequency, 
the fundamental assumptions of the reverbera- 
tion theory are not fulfilled; that is to say, 
neither the dimension of the rooms nor of the 
test sample are a large number of wave-lengths 
of the sound. At this frequency there is really 
little theoretical reason for expecting that they 
should agree, since due to the difference in the 
dimensions of the two rooms the normal modes 
of vibration are different and the effect of the 
test sample on the rate of decay is conditioned 
by other factors than its absorptivity. 

We should like to know just what these 
factors are. At Riverbank we have made tests to 
determine what if any effect the position of the 
test sample has on the rate of decay. Carefully 
conducted tests show that the rate of decay is 
unaffected by the position on the floor in which 
a 72-square-foot sample of material whose 
coefficient at 128 cycles is 0.60 is placed. 

To determine whether the rate of decay is 
truly logarithmic, a series of measurements was 
made on the empty room at 128 cycles, using 
both the constant source and variable pick-up 
and a variable source and constant pick-up. 
Since at this frequency, the fluctuations in the 
decay result in a considerable variation in 
individual timings, a large number of observa- 
tions was necessary. The decay covered a 45- 
decibel range. 500 timings were made to deter- 
mine each of the seven points on the decay 
curve obtained by each method. In both cases 
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the decay curve appeared to be straight lines 
over the first thirty-five decibels with the last 
ten decibels showing a slower rate. The maximum 
departure of any point from the best straight 
line fit of the upper portion was 0.04 second. 
More careful plotting, however, showed that a 
better fit for the observed points was in each 
case a curve with a slight upward curvature 
throughout the entire course indicating that the 
rate of decay is not constant, but decreases 
slowly as the decay proceeds. The rates as 
determined from the curves are given in Table 
Ill. 

These figures indicate that as I suggested in 
an earlier paper the logarithmic law is only an 
approximation for the lower frequencies in a 
room of reverberation chamber size. In spite of 
our efforts to secure a diffuse distribution, the 
tendency is for the enclosed air to vibrate in its 
normal modes. Those for which the path between 
reflections is shortest are damped most rapidly, 
leaving the longer path modes for the successively 
later stages. Hence the nonlinear decay. The 
presence of the absorbent sample should further 
enhance the effect. Modes for which the direction 
of propagation is normal to the absorbing surface 
will be more rapidly damped by the absorbent 
than those parallel to it. 

At higher frequencies, the effect is less, for as 
may be deduced from the Rayleigh formula and 
as Morse has so neatly shown in his treatment 
of the problem, the number of normal modes in 
a given frequency range increases enormously 
with increasing frequency. Theoretically, how- 
ever, the effect is present at all frequencies. It is 
only at the lower frequencies, where the absorp- 
tion coefficients are generally small and experi- 
mental error is correspondingly large that we 
get into difficulties from the testing angle. 

I feel very sure that something of this sort is 
the explanation of the difference between 
National Bureau of Standards and Riverbank 
figures at low frequencies. The difference in the 
values obtained is due to a real difference in the 
effects which the same sample produces in what 
is only an average not a uniform rate of decay 
in the two rooms. When we take the same 
material into much larger rooms and make 
measurements under conditions where decay 
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rates are far from linear, I should expect results 


TABLE III. 








45-35 35-25 25-15 15-5 5-0 
Variable source 12.10 11.56 10.86 10.53 10.00 db/sec. 
Constant pick-up 13.3 11.35 11.00 10.88 10.88 db/sec. 








which would be not at all satisfying in the matter 
of their agreement with laboratory measure- - 
ments. In this situation, it would seem that the 
testing laboratories are not in a position at 
present to give absorption coefficients which 
can be verified in general by field measure- 
ments. It is highly desirable that they should be 
able to give coefficients which can be verified 
in another laboratory with adequate facilities 
for measurement under conditions that meet the 
assumptions made in reverberation theory. I 
believe that the comparison just made justifies 
the statement that the results from the National 
Bureau of Standards and the Riverbank Labora- 
tories are at present in reasonable agreement in 
view of the degree of precision that is now 
obtainable with routine test procedure and the 
variation in absorbing efficiency from one sample 
to another in many commercial products. The 
above statement of course does not apply to the 
present coefficients at frequencies below 256 
cycles. The difference at these lower frequencies 
are outstanding and the job of finding out why, 
and of reconciling the difference would seem to 
be definitely up to the laboratories themselves. 

As to which of the three reverberation formulas 
now extant should be used in computing ab- 
sorption coefficients, this can be said from the 
point of view of our laboratory. The use of the 
Norris-Eyring formula in place of the Sabine 
formula would reduce computed values of the 
coefficient of a material showing 100 percent by 
the Sabine formula to approximately 95 percent. 
Lower coefficients would be reduced propor- 
tionately less. The Millington-Sette formula 
would reduce all present coefficients lying be- 
tween 0.75 and 1.00 to values lying between 
0.53 and 0.63. This, I believe, would over- 
compensate for the fact that because of diffrac- 
tion effects, the 72-square-foot samples now used 
for test purposes give values higher than are 
shown by large areas. 

Summed up, the situation so far as it concerns 
the testing laboratories resolves itself to this. 


(a) It should be recognized that reverberation 
values of sound absorption coefficients are con- 
ventional values arrived at by standardized 
test procedure under arbitrarily specified test 
conditions. 

(b) It is the responsibility of independent 
testing laboratories whose tests are to be 
recognized as authoritative to see that test 
procedure is standardized and that methods used 
in any one laboratory are maintained constant 
so that the results of all measurements constitute 
a self-consistent body of data. 

(c) Further, it is the responsibility of such 
laboratories to work out among themselves and 
to agree upon test conditions in each laboratory, 
such that measurements made on_ identical 
samples in these laboratories shall agree within 
a reasonable tolerance. 
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Such a procedure might be carried into effect 
by the choice of some particular material as a 
standard material, identical samples of this 
material being measured in all of the laboratories 
concerned, each laboratory keeping a sample of 
the standard material as a standard for control 
measurements. 

In this way, it ought to be and, I believe, 
would be possible to make of published figures 
a self-consistent body of data which could be 
reduced to some more absolute basis, if when 
and as the time arrives that some more nearly 
ideal method of arriving at a figure of merit for 
sound absorbing efficiency shall have been 
discovered. Thus the confusion of the present 
situation could be alleviated and the way paved 
for a better means of forecasting and measuring 
the reverberation characteristic of rooms. 
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Correlation of Sound Absorption Coefficients with Field Measurements* 


G. T. STANTON 
Electrical Research Products, Inc., New York, New York 


(Received June 23, 1939) 


HE answers received to a recent question- 

naire, distributed to a large number of 
people, predominated in the statement that 
coefficients as established in reverberation cham- 
bers do not agree with coefficients determined 
from field measurements. Although the absorp- 
tion coefficient as determined even under best 
existing laboratory practices does not represent 
a high degree of accuracy, the coefficients of 
absorption of materials are, in general, deter- 
mined with sufficient accuracy under the best 
laboratory conditions to be completely useful in 
acoustic design. Considerable tolerance exists in 
the determination of final results of an acoustic 
design which is broad enough to take care of the 
inaccuracies of the laboratory method. 

The principal pressure for improved accuracy 
of coefficients would appear to come from those 
concerned with competitive marketing or meet- 
ing of acceptance test values where acceptances 
or rejection may ultimately rest on small dif- 
ferentials. Secondly, there is a proper demand 
from the scientist or engineer who loves accuracy 
for accuracy’s sake. It is sincerely hoped that 
future developments will improve and standard- 
ize the technique of laboratory procedure to 
provide high accuracy and permit better agree- 
ment between different laboratories. 

It must be borne in mind that the so-called 
absorption coefficient is not itself a real physical 
property of the material, but is related to its 
physical properties and the specific conditions of 
its use. It would assume a real significance if the 
material were employed under the express condi- 
tions defined in the formula, and does approach 
real significance to the extent that the test condi- 
tions approach the specified ideal. For these 
values to check directly by a simple substitution 
in any reverberation formula, would require the 
same close approach to diffuse energy distribu- 
tion and the other factors implied in the orignal 
determination. 


* Presented at the Tenth Anniversary Meeting of the 
Acoustical Society of America held in New York, May 15, 
1939, 


There is a relatively extensive bibliography 
within the confines of the Journal of the Acoustical 
Society of America, which calls attention to the 
discrepancy in the measured reverberation time 
and that calculated by any existing formulas for 
the use of practical rooms, particularly those in 
which the absorption is largely concentrated on 
one or two surfaces. The first of these is in 
January 1930, by Carl Eyring, in the develop- 
ment of a general reverberation formula, followed 
by a specific discussion of this subject by the 
same author in 1931; again by V. L. Chrisler in 
1934; by your present speaker in 1934; and by 
many others, concluding with a paper by J. R. 
Power in October, 1938, with specific reference 
to the low ceilinged office with highly absorptive 
ceiling. A practical case in point was the work of 
Hanson, Eyring and MacNair, in the early days 
of sound picture development in which a room 
having a highly absorptive ceiling was modified 
to the extent of placing diffusing panels on the 
wall surfaces. This resulted in a marked reduction 
of the reverberation time at the high frequencies 
which were controlled by the diffusing panels, or, 
if you please, an apparent increase in the coeffi- 
cients of absorption of the ceiling. Actually, of 
course, it merely created a more nearly diffuse 
condition; that is, a normal proportion of the 
high frequency sound energy in the room reached 
the absorbing surface. The failure to compute 
correctly the reverberation time for such cases 
by a formula which specifically implies conditions 
not realized in the given case, should not be 
confused with questions concerning the accuracy 
of determination of absorption coefficients. 

A pronounced trend in modern acoustic design 
is to the use of studied irregularity in the surfaces 
of the room and a planned distribution of ab- 
sorbing material about the room. Under these 
conditions a high degree of diffusion of sound is 
maintained throughout the decay and under 
these conditions the measured reverberation 
times are such that by the use of the Sabine or 
Eyring formula, very close agreement is found 
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between the measured time and the computed 
time using the coefficients of absorption as deter- 
mined in good laboratory practice. Table I shows 
a typical result in a recording studio, designed in 
accordance with the above-mentioned trend. 

What, then, is the solution for the room in 
which surfaces are substantially regular and in 
which the absorption is concentrated on one or 
more surfaces? 

We may conceive of determining for a material 
its absolute coefficient for each angle of incidence. 
In fact, we may soon realize this objective. 
Again, ideally, we may conceive of determining 
the behavior of sound in a given structure sta- 
tistically, such as by the method of images, in 
which the amount of sound falling on each sur- 
face and its angle of incidence may be determined 
for each image reflection, from the time of cutting 
off the source until the average energy present in 
the room has reached one-millionth of the initial 
value. In the Eyring and other similar formulas, 
a definitely ordered condition of sound is assumed 
in which regular geometric progression of reced- 
ing image sources contributes energy in discrete 
impulses, diminished at each pulse by the coeffi- 
cient of the surface represented by that image. 


This formula takes into account the geometry.™~ 


STANTON 


of the space in terms of different times of travel] 
between successive absorptions for the different 
principal modes. In all derivations of this type 
formula, however, the absorption of all surfaces 
is considered uniform. If non-uniform distriby- 
tion of absorption were assumed on the various 
surfaces, we have a closer approach to the correct 
answer in the practical case. For these modes of 
vibration or series of images in which the sur- 
faces represented high effective values of ab- 
sorption, the energy in this mode would be 
rapidly diminished, whereas the ordered energy 
moving between reflective surfaces would be very 
largely prolonged. This method, however, ap- 
pears to the practical engineer as offering 
academic interest rather than a real solution, 
since the complexity of the formula and the 
number of terms involved are such in an actual 
room as to cause its instant rejection by the 
practical engineer. It might require a longer 
time for the solution than for the construction of 
the building, although there indeed exists an 
interesting field for exploration by the physicist. 
For a real solution of these special cases, we must 
await a new practical formula, generalized along 
this method. 

We must, however, face today’s practical 


TABLE I. Studio reverberation. Cu. ft. volume—38,450; sq. ft. surface—7,490. 
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128 256 512 1024 2048 4096 
MATERIAL AREA a U a U a U a U a U a U 

Hard Plaster 3369 | 0.02 67 | 0.03 101 | 0.04 135 | 0.05 169 | 0.06 202 | 0.05 169 
Linoleum 1870 | .02 37 03 56 .06 112 07 131 07 131 .06 112 
Rug 432) .14 60 23 99 .30 130 38 164 45 194 45 194 
1’ Rockwool Blanket | 1063 | .57 605 79 839 .94 998 .90 955 85 902 .80 850 
Furred 2” 
Vibrafram Tile 756 | .53 401 81 613 61 462 .64 484 2 393 36 272 
Furred 1” 
Total A 7490 1170 1708 1837 1903 1822 1597 
Computed Time 1.5 98 90 87 88 91 

(Eyring) 
Structural and Air 15% | 1.27 | 5% 93 .90 87 88 | 10% 82 
Correction 
Measured Time 1.10 1.05 .92 .84 .80 st 
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MEASUREMENTS 


problem which is to design an auditorium to have 
a particular acoustic condition. If the apparent 
reverberation time as measured is to be com- 
pared with an originally computed time as a 
criterion of design, or for determination of the 
efficiency of material, it appears necessary to 
approximate from empirical experience the effi- 
ciency of the location of the material; that is, 
will 100 percent of the normal sound energy 
assuming diffuse conditions fall upon it, 90 per- 
cent, 80 percent or only 50 percent? For the 
average case of a room which is large compared 
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to the wave-length of frequencies concerned and 
with some amount of empirical data, it is be- 
lieved that an approximation of the percentage 
of normal energy falling on a surface may be 
made close enough for the practical case. 

In other words, if the defined conditions re- 
quired for the reverberation formula to hold are 
kept in mind, and allowance made for the 
probable effect on the sound distribution of de- 
partures from these ideal conditions, a satis- 
factory practical agreement between laboratory 
coefficients and the field results may be obtained. 
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A Modern Concept of Acoustical Design* 


C. C. Potwin anp J. P. MAXFIELD 
Electrical Research Products, Inc., New York, New York 


(Received June 3, 1939) 


OOM acoustics, as a science and an art, is 
coming to be recognized as a vital element 
of effective architecture. For centuries the plan- 
ning of theatres, auditoriums, and similar types 
of rooms has been dictated largely by tradition, 
classical art, and fixed styles of design. Within 
recent years, however, a change has been taking 
place in the approach to architecture. Function 
and utilitarian planning have become the guiding 
factors. This trend provides a greater oppor- 
tunity for the correct approach to acoustical 
design, because it treats acoustics as a primary 
and not a secondary consideration. 

When Professor Wallace Sabine! determined 
the relationship between the reverberation char- 
acteristic and the quantity and quality of 
absorption in rooms, he laid the groundwork for 
the many developments in architectural acoustics 
which have been realized up to the present time: 
As he pointed out, factors other than the time 
of reverberation and its frequency characteristic 
were also important: factors such as the funda- 
mental outline of an auditorium, the method of 
construction employed, and the detailed form or 
geometry of interior surfaces which might dis- 
perse or fail to disperse reflected sound. 

With the advent of electrical recording, repro- 
duction and transmission, the acoustical engineer 
was faced with many new problems in room 
acoustics. From experience gained in this field,?: * 
the authors were led to believe that the most 
pleasing sound quality was obtained when the 
reverberation consisted principally of reflections 
which reached the listening position indirectly 
with relatively long time lapses, rather than con- 
sisting of short quick reflections which might 


* Presented at the Tenth Anniversary Meeting of the 
Acoustical Society of America held in New York, May 15, 
1939. 

1 Wallace C. Sabine, Collected Papers on Acoustics (Har- 
vard University Press, 1923). 

2 J. P. Maxfield and H. C. Harrison, ‘‘Methods of High 
Quality Recording and Reproducing of Music and Speech 
Based on Telephone Research,’ Transactions of the Amer- 
ican Institute of Electrical Engineers 45, 334 (1926). 

3J. P. Maxfield, ‘‘Acoustic Pick-Up for Philadelphia 
Orchestra Broadcasts,’’ J. Acous. Soc. Am. 4, 122 (1932). 
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come from large surfaces closely adjacent to the 
listening area. - 

A second important observation was the fact 
that practically all of the successful rooms whose 
reverberation characteristics were measured, 
showed approximately logarithmic decays except 
for the instantaneous variations brought about 
by shifting interference patterns during the 
decay and that in general, rooms showing the 
smallest amounts of variation seemed to produce 
the best results. It might have been supposed, 
therefore, that a purely logarithmic decay, such 
as can be obtained in simple electrical circuits, 
would be optimum. However, in view of the 
work reported by Hanson in 1931,‘ it became 
obvious that some of the effect of the shifting 
interference pattern was required in order to 
obtain pleasing and natural results. In other 
words, instead of a straight line logarithmic 
decay without variations, it appeared that there 
should be a large number of low intensity pattern 
changes occurring at the listening position during 
sound die-away. 

It should be noted here that the reference to 
“pleasing results’’ implies that there are sub- 
jective as well as objective factors to be given 
consideration. Unfortunately, few quantitative 
data are available regarding the subjective 
factors, and their application, therefore, lies in 
the realm of “‘judgment.”’ 

With these ideas in mind, attempts were made 
to design rooms, on an empirical basis, in which 
a minimum of concentrated short time reflections 
could reach the listening position directly, and 
in which no large areas or complete surfaces 
were covered with sound absorbing material in 
such a manner as to interfere with the long 
reflection paths around the room. This was 
accomplished by carefully breaking up parallelism 
between surfaces in the design of rooms, and by 
distributing acoustical materials nonsymmetri- 


4R. L. Hanson, ‘‘Liveness of Rooms.’’ Read before a 
meeting of the Acoustical Society of America, November 
30, 1931. 









a—_ a2 





ME jj 


to the 


he fact 
; Whose 
asured, 
except 
about 
1g the 
ng the 
roduce 
posed, 
y, such 
ircuits, 
of the 
yecame 
hifting 
der to 

other 
‘ithmic 
t there 
attern 
during 


nce to 
e sub- 
given 
itative 
jective 
lies in 


» made 
which 
ctions 
y, and 
irfaces 
rial in 
> long 
Ss was 
lelism 
nd by 
metri- 


efore a 
vember 











MODERN CONCEPT 


Fie. 1. 


cally, so as to maintain both large and small 
sound reflecting areas on all surfaces. 

Reverberation measurements made in these 
rooms showed a logarithmic decay at practically 
all frequencies, modulated somewhat but not 
greatly by the shifting patterns taking place 
during sound die-away. The measurements 
checked well with previous findings in successful 
rooms having pleasing types of sound decay, and 
it is believed that the effect of the large number 
of low intensity pattern changes with practically 
none of the high intensity type present in the 
decay was responsible for the results. 

The nonsymmetrical arrangement of acoustical 
material has been applied successfully in rooms 
having parallel surfaces, although it is found 
more difficult to obtain as pleasing results in 
these cases as are achieved in rooms where surface 
break-up is also incorporated in the design. 
This also holds true for the more unusual method 
of distributing sound reflecting panels or flats 
nonsymmetrically and at different angles, over 
completely absorptive surfaces of the type 
commonly found in Hollywood sound stages. 

The authors’ initial work in planning for the 
control of sound reflections was done in con- 
nection with the design of recording and broad- 
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casting studios. From the operating viewpoint, 
the resulting designs were found to possess very 
desirable characteristics. Great flexibility for 
microphone placement was achieved. The artists 
felt unhampered and free in the rendition of 
either music or speech.* The character of the 
resulting reproduced sound was live, natural, and 
pleasing. 

More recently, the further coordination of 
form with the nonsymmetrical arrangement of 
sound absorbing material has been carried into 
the planning of auditoriums and other spaces 
used for binaural listening. Here again, measure- 
ments show logarithmic decays for most fre- 
quencies, modulated by a large number of low 
intensity pattern changes. 

In considering form fundamentally, it had 
been generally known for some years that wall 
or ceiling surfaces when properly shaped, could 
be utilized to good advantage to reinforce the 
original sound. This type of shaping proved to 
be helpful in the design of a number of large 
auditoriums, where size made it necessary to 


* The authors have evaluated the subjective reactions 


stated in this paper by carefully weighing, insofar as 
possible, unsolicited expressions of opinion followed by 
searching questions as to the nature of any suggested 
improvements. 
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introduce in some measure the sense of audio- 
intimacy more readily attained in the small 
auditorium. 

With the advent of high quality microphone 
pick-up and electrical reinforcement, it was 
found that very good use could be made of 
surfaces shaped to disperse the sound.® These 
surfaces were of irregular form, and when 
efficiently designed they helped to reduce high 
intensity interference patterns and caused the 
reflected sound to fall more often upon absorbent 
areas. This tended to reduce the amount of 
absorptive material that might otherwise be 
needed for the walls and ceiling of a room having 
either a purely rectangular outline, or concave 
curved surfaces. 

The past five years have witnessed a rapidly 
increasing use of dispersing forms and non- 
parallel arrangements of surfaces, particularly in 
the design of the motion picture auditorium‘ 
and the studio. These forms have been developed 
into systems of complete wall or ceiling angu- 
larities, convex curvatures, and otherwise broken 
or irregular surfaces. They have proved most 
efficient in use when varied in size, position and 
arrangement so that (1) irregularities are intro- 
duced in their over-all pattern and (2) the effects 
of diffraction gratings are minimized. 

The present-day problems in room acoustics 
have also placed new and more exacting demands 
upon the acoustical characteristics of sound 
absorbing materials. These demands have been 
met, with a fair measure of success, through the 
development of new materials, the use of various 
types of absorptive and nonabsorptive coverings, 
and by special methods of mounting and apply- 
ing materials. A greater variety of materials 
would be helpful, however, in order to allow 
more flexibility in coordinating form and the 
effective distribution of these materials, with the 
architectural treatment of interiors. 

Architecture today is peculiarly fitted by 
virtue of its very aesthetics to include acoustics 
among the factors of design. Modern architecture 
is functional, and there is seldom, if ever, any 


&C. F. Eyring, R. L. Hanson and W. A. MacNair, 
U. S. Patent No. 1,845,080, ‘“‘Studio for Acoustic Pur- 
poses,”’ issued February 16, 1932. 

6 C, C. Potwin and B. Schlanger, ‘‘Coordinating Acous- 
tics and Architecture in the Design of the Motion Picture 
Theatre,’’ J. Soc. Mot. Pict. Eng. 32, 156 (1939). 
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reason why a design cannot be planned funda. 
mentally for good acoustics. The modern archi- 
tect acknowledges initially that good hearing and 
correct vision are two principal functions to be 
fulfilled in the design of an auditorium, and that 
the greatest emotional appreciation of audio. 
visual production comes only as a result of the 
proper coordination of these two functions. At 
the same time, he is continually looking for new 
means of expression, and he often finds in 
acoustical forms and treatment an element of 
design which can be developed as a part of his 
decorative plan.’ 

The coordination of acoustical form with a 
nonsymmetrical distribution of sound absorbing 
material in rooms is best described by showing 
several examples of recent designs. Fig. 1 is a 
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photograph of the interior of a recording studio 
built in Chicago several years ago. Nonparallelism 
between surfaces is provided in the detailed 
geometry of the studio by means of angular 
contours. These contours are not uniform in 
size nor spacing, but vary in their width dimen- 
sions and in their dimensions of projection from 
a straight line. 

The photograph was taken facing the micro- 
phone end of the studio, and attention is called 
particularly to the manner in which the sound 
absorbing material is distributed over the sur- 


7H. Bagenal and A. Wood, Planning for Good Acoustics 
(E. P. Dutton & Co., New York), Chapter 3, Sect. 15, 
p. 82. 
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faces. The lower wall areas are treated slightly 
more than the upper areas, in order to minimize 
the short, quick reflections originating close to 
the microphone. Both large and small sound 
reflecting areas are retained on the upper portion 
of the wall surfaces and on the ceiling surface in 
order to maintain the flow of indirect long path 
reflections. With the optimum number of artists 
present there is only slightly more absorption in 
the microphone end than in the performance end 
of the studio. Inasmuch as this studio was 
designed essentially as a workshop, to be used 
solely for recording purposes, no attempt was 
made to blend the acoustical design with a 
decorative plan for the interior. 

Figure 2 shows a broadcasting studio of the 
audiovisual type recently completed in New 
York and presenting a problem somewhat differ- 
ent from the single purpose design. In this case, 
nonparallelism was effected by the use of both 
angular walls and sloping surfaces. The spaces 
for airconditioning inlets were coordinated with 
the ceiling form to provide a very effective 
break-up for this surface. The architect chose to 
show the absorptive panels in raised form as a 
feature of design and the covering materials 
used in this particular case were thin fabric and 
leatherette. 

Figure 3 shows the frequency reverberation 
characteristics of these two studios as measured 
with the high speed level recorder.*: * Attention 


SE. C. Wente, E. H. Bedell and K. D. Swartzel, ‘‘A 
High Speed Level Recorder for Acoustic Measurement,” 
J. Acous. Soc. Am. 6, 121 (1935). 

*G. T. Stanton, F. C. Schmid and W. J. Brown, Jr., 
‘‘Reverberation Measurements in Auditoriums,"’ J. Acous. 
Soc. Am. 6, 95 (1934). 


is called to the evenness of the curves, which 
were taken for a large number of frequencies and 
for twelve microphone positions in each studio. 
Artists have commented on the fact that they 
feel an intangible support for their renditions in 
these studios: a support which has been notice- 
ably lacking in many studios of the past and is 
yet to be realized to a fuller extent in the 
studios of the future. 

Figure 4 is a plan and elevation drawing of the 
Temple of Religion, one of the buildings recently 
constructed at the New York World’s Fair. The 
fundamental thought in the minds of the archi- 
tects when planning this building was to create 
a simple design, and one which would be func- 
tional to the extent that it would coordinate the 
acoustical requirements with the ecclesiastical 
qualities characteristic of a structure of this 
type. Acoustically, the proposed design indicated 
a multipurpose structure wherein the most de- 
sirable conditions for the presentation of the 
organ, for choral groups ranging up to 200 
voices, and for the essentially distinct require- 
ments of speech, might all be satisfied. 

In the development of form, nonparallelism 
was introduced in the design of the clearstory 
walls and the walls of the nave, as well as in the 
design of the two-stepped sections of the ceiling 
directly in front of the chancel. The elevation of 
the building is unusually interesting because it 
decreases in height, and therefore might be said 
to diminish in cubic foot volume per seat, from 
the chancel to the rear of the auditorium. 

Attention is called particularly to the irregular 
placement of sound absorbing material on the 
walls of the clearstory and on the walls and 
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ceiling of the chancel. It is perhaps surprising 
to observe the extent to which sound absorbing 
material is used in the chancel, or at the source 
of sound. However, in considering the acoustical 






PF} —INOICATES POSITION 
HA SOUND ABSORBING MATERIAL 


a 
1 
4 

" 
4 


poss 
82 & seen 
EA 

re 

A | eee 
Zw ; PLAN 

» B: - 
A at 

Z 

Za ie 


“7 
if 


7 


tl 


Fic. 4. 


fun 


treatment of the auditorium as a whole and its 
relationship to the form of the structure, the 
absorption in this section becomes an essential 
part of the complete design for the efficient 
control of sound reflections. 
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Figure 5 shows the measured reverberation 
frequency characteristic of this auditorium taken 
as an average of sixteen microphone positions 
throughout the space. This characteristic may 
seem unusual for an auditorium having a volume 
of 300,000 cubic feet, because of the fact that 
the times of reverberation are reasonably uniform 
with frequency, except in the range above 4000 
cycles where they fall off slightly due to air 
absorption.!° The relatively lightweight con- 
struction used throughout this building con- 
tributes initially to a higher than normal absorp- 
tion of sound in the lower range of frequencies, 
Yet the organ, which would be expected to 
require more low frequency reverberation than 
the characteristic indicates, is well supported 
acoustically by the structure. Favorable com- 
ments have been received, both from the artists 
and from members of the audience, on the 
quality of organ, choral, and solo presentations, 
as well as on the intelligibility of speech. 

Figure 6 is a photograph of the interior of this 
building, taken from a point at the rear of the 
auditorium and facing the chancel. The organ 
pipes are located behind the reredos, which is 
partially sound transparent and partially sound 
reflective. The nonsymmetrical distribution of 
absorbing material is in this case covered by a 
perforated board, which is carried over all sur- 
faces, including the nonabsorptive areas, and 
painted a plain white in keeping with the simple 
yet inspiring character of the auditorium. 


10 V, O. Knudsen, ‘‘The Effect of Humidity upon the 
Absorption of Sound in a Room and a Determination of 
Coefficients of Absorption of Sound in Air,’’ J. Acous. Soc. 
Am. 3, 126 (1931). 
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Fic. 7. The Voder room. Bell System exhibit. 
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Figure 7 is a plan drawing and an elevation in 
perspective of the room used exclusively for 
demonstration of the Voder in the A. T. & T. 
Exhibit Building at the New York World’s Fair. 
A cylindrical outline form, averaging 75 feet in 
diameter and 40 feet in height with provision for 
a circular balcony, was selected as the most 
desirable shape for the visual presentation of 
the Voder. The acoustical problem involved the 
design and treatment of this circular form so as 
to produce as nearly ideal hearing conditions as 
possible for the presentation of both real and 
synthetic speech. 

The acoustical defects usually encountered in a 
room of this fundamental shape need no explana- 
tion. Through the use of tilted walls and convex 
curvatures, the interior form of the room was 
developed to eliminate focusing effects and to 
control the destination and dispersion of sound 
reflections. This was done initially in order to 
overcome the need for and the undesirable 
effects of excessive quantities of sound absorbing 
materials which standard design methods would 
require to reduce severe focusing effects. 

Fic. 6. Photographed by John Mille, Jr. A large convex curvature was introduced 
behind the exhibition platform at the front of 
the room, and a series of smaller convex curves 


were combined with a back- 
ward tilt of the walls on 
the main floor and above 
the window line in the 
balcony. The windows, 
which extend completely 
around the balcony, were 
designed as straight seg- 
ments tilted forward in 
order to direct first reflec- 
tions toward the balcony 
floor. 

Attention is called to the 
distribution of sound ab- 
sorbing material over the 
wall surfaces in this room. 
Starting at the center 
directly opposite the source 
of sound, the treatment 
is graded in quantity 
around the walls toward 
the source, and presents 
a nonsymmetrical arrange- 
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ment relative to the combined wall areas of the 
room. 

Figure 8 shows the measured frequency rever- 
beration characteristic of this room, taken as an 
average of twelve microphone positions through- 
out the space. The room has an enclosed volume 
of 175,000 cubic feet, and with the exception 
of a few minor variations the characteristic is 
practically flat from 50 to 9000 cycles. 

Figure 9 is a photograph of the room, taken 
from a point at one side of the Voder platform. 
Here again, as in the Temple of Religion, per- 


forated board was used as the finishing material 
for the wall surfaces, although much of the area 
behind the board remains untreated. 

The results obtained in this room present 
definite evidence that interior form and the 
distribution of sound absorbing material can be 
coordinated to achieve excellent hearing con- 
ditions, even in rooms of the most unconven- 
tional basic shape, and to contribute in some 
measure to new modes of aesthetic expression. 

Today there is available much of the data 
necessary for the planning of acoustically efficient 





Fic. 9. Photographed by John Mills, Jr. 
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rooms. Much work remains to be done, however, 
in properly coordinating and determining the 
values and tolerances of this data so that a 
more definite solution of each type of acoustical 
design problem can be assured. The responsibility 
for this work rests not only with the engineer 
and the architect who use the data, but with the 
physicist and psychologist as well, because sup- 
porting criteria for the “most pleasing” condi- 
tions are needed for guidance in planning. — 

The authors feel that future developments in 
room acoustics should take into account, among 
other factors, the following observations which 
are based on both subjective and objective 
considerations : 

1. Times of reverberation lower than so-called 
optimum values are being obtained in many 
rooms today due to excessive acoustical treat- 
ment of surfaces. 

2. Double decay rates are frequently being 
produced as a result of the massing of acoustical 
material on single wall or ceiling surfaces or in 
one end of a room. 

3. The present values of so-called optimum 
times of reverberation can probably be raised, 
particularly in the case of the motion picture 
theatre, the broadcasting or recording studio, and 
the scoring stage, when acoustical form and the 
distribution of absorbing material are coordi- 
nated in design so that the sound decay is 
logarithmic for most frequencies and modulated 
by a maximum number of low intensity pattern 
changes and a minimum number of high intensity 


ones. 
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4. There is still considerable question as to 
desirable frequency characteristic of the time of 
reverberation of rooms. It appears that the 
characteristic should be flat, or practically so, 
for small rooms used for speech and music. An 
increase in time of reverberation at the low 
frequencies appears to be a function of cubic 
foot volume, form, and the purposes for which 
the room is to be used. Further study is required 
in connection with this particular phase of room 
acoustics. 

5. There is a definite relationship, probably 
with an optimum balance, between the form of 
a room and the distribution of sound absorbing 
material within that room. 

6. The nonsymmetrical arrangement of ab- 
sorbing material, coordinated with the form of a 
room as described, appears to be one of the 
important elements of efficient acoustical design. 
Subjectively, it maintains the desirable indirect 
long-path reflections; it helps to minimize the 
formation of disagreeable wave patterns; and it 
establishes and controls in a large measure the 
pleasing character of reverberation. Objectively, 
it eliminates discrete and multiple sound re- 
flections; it makes it easy to obtain logarithmic 
decays modulated only by a large number of 
low intensity pattern changes; it increases the 
effectiveness of absorbing materials; it permits 
greater flexibility of use in rooms having very 
low and very high cubic foot volumes per person, 
and it introduces a factor of economy in the 
acoustical treatment of rooms which is always a 
paramount consideration with the builder. 





JULY, 1939 a Ws 


VOLUME 44 


Some Aspects of the Theory of Room Acoustics 
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An exact solution for the decay of sound in a rectangular room is obtained; assuming that each 
wall is uniformly covered with absorbing material, which may differ from wall to wall. It is 
concluded, from recent experimental measurements, that the boundary conditions for the 
sound field are correctly expressed in terms of the effective normal impedance of the wall 
material. The sound is analyzed into its component normal modes of vibration, and the reverber- 
ation times and frequencies of the different normal modes are calculated as functions of the 
wall impedances and their phase angles. Curves are given for these quantities for a wide range of 
the parameters involved. The effect of the absorbing material in distorting the sound field is 
shown, and several other interesting points are brought out in the discussion: that waves 
which travel ‘‘parallel’’ to a wall are absorbed by the wall, but are not absorbed as much as are 
waves striking at more oblique angles; that it is sometimes possible to increase the reverberation 
time for a standing wave by decreasing a wall’s effective acoustic resistance; etc. 





HE problem of the decay of sound in a room 

is pleasantly simple to analyze approxi- 
mately and surprisingly complicated to solve 
exactly. As long as one confines the analysis to 
first-order effects, considers only average sound 
intensities, and uses only moderately absorbing 
materials, the first-order formulas of Sabine or 
of Eyring are satisfactory. If one wishes, how- 
ever, to investigate in detail the distribution of 
sound energy in the room, particularly with very 
absorbent material present, or if one wishes to 
make careful measurements of the absorbing 
qualities of the materials, the problem becomes 
so complicated that it can be solved at present 
only for particularly simple configurations. 

One important cause of the difficulties is that 
the distribution of the sound field throughout 
the room is not only determined by the shape of 
the room; it is also distorted by the presence of 
absorbing material on the walls, and the dis- 
torting effect is greater the more absorbing the 
material. This is only too apparent to the 
experimental investigator of room acoustics, and 
it must be taken into account in any thorough- 
going theoretical analysis. 

In the present paper a start is made toward a 
detailed theoretical analysis of room acoustics. 
A particularly simple case is studied; that of a 
rectangular room with uniform coverage of 
absorbing material on each wall, with only one 
of the walls being very absorbent. The aim will 
be to take the data from a single, relatively 
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simple measurement of the absorbing property 
of a material; and to try to predict, from these 
data, what will be the acoustic properties of a 
room having the material spread uniformly over 
one or more of the walls. The theoretical results 
obtained will be correlated with experimental 
data in other! papers. The arrangement analyzed 
is too simplified to be of great use in practical 
acoustic design. Nevertheless simple cases of 
this sort must be understood in detail, and 
checked experimentally, before more complicated 
problems can be attacked. We shall see that 
even in this case the results are not always 
simple. 


THE NORMAL IMPEDANCE 


The first question to be settled is the nature 
of the property of the wall material which is 
responsible for the absorption; the physical 
quantity whose measurement will make it 
possible to predict the acoustic properties of the 
material under various conditions. It is not the 
purpose of this paper to make a detailed analysis 
of the mechanism of sound absorption in the 
wall material, of the nature of the work begun 
by Monna? and others. We are here interested 





1 To appear in this Journal. Some preliminary experi- 
mental confirmations of the theory outlined here were 
reported by F. V. Hunt and by N. B. Bhatt at the Sym- 
posium on Absorption Coefficients at the last meeting of 
the Acoustical Society. 

2 A. Monna, Physica 5, 129 (1938), Rev. d’acoustique 7, 
126 (1938). See also V. Kiihl and E. Meyer, Berl. Ber., Phys. 
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SOME ASPECTS OF THE THEORY OF ROOM 


primarily in the sound field in the room, and 
need study the wall material only enough to 
determine the form of boundary condition which 
will represent the actual conditions at the wall 
adequately as far as the sound field in the room 
is concerned. The physical quantity representing 
the property of the material cannot be the usual 
absorption coefficient a, either averaged over 
angle of incidence or not. For if @ is not averaged 
it depends on the angle of incidence of the wave, 
and if it is averaged it depends on the nature of 
the averaging; and in either case it depends on 
the size and shape of the room. The absorption 
coefficient is therefore not a suitable primary 
property, for its value depends on the nature of 
the incident wave, as well as on the nature of 
the material. 

Recent experimental results’ have indicated 
that the proper physical quantity which measures 
the absorbing qualities of the material is the 
substance’s normal acoustic impedance, the ratio 
of pressure to normal air velocity at the surface 
of the material. The experiments indicate that 
this quantity depends only on the material and 
not on the incident wave (except for the variation 
with frequency). Of course further detailed 
experiments, with other materials, may show 
that even the normal impedance varies with 
angle of incidence of the wave: in which case 
we will have to use another, more deep-seated, 
physical quantity to measure the material’s 
absorption. Until such time as experiment forces 
us to complicate the picture, however, it seems 
worth while to develop a theory of absorption 
in terms of the normal acoustic impedance Z, 
and to assume tentatively that Z is a function 
only of the frequency of the incident wave, and 
not of its angle of incidence. It has been shown 
elsewhere* that the reflection coefficient for a 
free plane wave striking an infinite plane surface 
of the material at an angle @ to the normal is 

¢ cos @—1 |? 
Rag || 


|¢ cos 6+1 | 


Math. KI. 26 (1932). An interesting analysis of the effect 
of a vibrating plate wall on the sound in a room, using 
methods somewhat similar to the present analysis, has 
{19300 by R. Rogers, J. Acous. Soc. Am. 10, 280 
_§F. J. Willig, J. Acous. Soc. Am. 10, 257(A) (1938); 
F. V. Hunt, J. Acous. Soc. Am. 10, 216 (1938). 

‘P.M. Morse, Vibration and Sound (McGraw-Hill), p.304. 


¢=(Z/pc), (1) 
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where R is the ratio between the reflected and 
incident intensities, p is the density of air and c 
the velocity of sound in air. This formula has 
been approximately confirmed by two series of 
measurements,’ which have also indicated that 
in many cases (though not in all cases) the 
impedance Z is real. 

It should be noted here that Eq. (1) is strictly 
true only for free waves and for an infinite 
surface of material. We shall see later in this 
paper that it is only approximately true for the 
standing waves in a room of finite size; indeed, 
in certain special cases it is not at all applicable. 

Before turning to the detailed analysis of the 
relation between the decay of sound in a room 
and the normal impedances of its walls, it will 
be useful to discuss the relation between the 
normal impedance concept and the sound re- 
fraction analysis discussed by Monna? and others. 
When sound strikes a wall, part of the intensity 
is reflected and part transmitted into the wall. 
The transmitted part consists partly of air 
vibrations in the pores of the wall and partly of 
vibrations of the material of the wall itself. For 
our purposes, however, it can be considered to 
be an average wave traveling through the 
material, presumably being attenuated as it 
penetrates. Since the wall pores are not usually 
isotropic, the average wave motion will not 
always be isotropic, the velocity parallel to the 
wall surface being, in general, different from that 
normal to the surface inside the wall. 

We shall express these velocities in terms of 
two average indices of refraction, the wave 
velocity in the wall, tangential to the surface 
being v,=c/n, (where c is the velocity of sound 
in air), and that normal to the surface being 
Un=C/mp. If there is attenuation in the wall, 7, 
and perhaps also m, will be complex quantities. 
The wave equation for the pressure in this 
average wave inside the wall is then 

1 ap 18% a% ap 
(— ) _ (1/e)—., 
ot? 


ny? dx? n2\dy? dz? 


where the wall surface is taken to be the y, 2 
plane. An analysis of the refraction and reflection 
of waves at this surface, using the boundary 
condition that the pressure and normal velocity 
be continuous in value at the surface, shows 
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that the ratio between reflected and incident 
amplitudes is 


(Q/nn) cos 6—(1—(1/n,?) sin? 6)3 
% (Q/nn) cos 0+ (1—(1/n,?) sin? 6)! 





for a free plane wave striking an infinite plane 
surface at an angle of incidence 6. The quantity 
Q is the ratio of the effective density of the wall 
material to the density of air, and is therefore 
quite large. The corresponding reflection coeffi- 
cient is then |D|?=R. 

The above formula is a more general one than 
that given in Eq. (1), reducing to Eq. (1) when 
n, becomes exceedingly large, and when 2, is 
equal to (Qpc/Z)=(pmc/Z), where pm is the 
density of the wall material, and c is the velocity 
of sound in air. Therefore the materials which 
show experimentally a dependence of R on @ of 
the sort given by Eq. (1) must have an effective 
tangential velocity of sound considerably less 
than c(m,>1), and an effective normal velocity 
greater than (c/Q) (so that Q/n, be larger than 
unity, as it usually is). The normal velocity is 
then related to the normal impedance by the 
equation v,=(Z/pm), indicating that the char- 
acteristic normal impedance of the wall, Z, is 
equal to its density times its normal wave 
velocity. Of course the actual phenomenon of 
sound absorption in the wall is much more 
complicated than a pair of average velocities 
can express; but for the purpose of studying the 
behavior of the sound field in the room, the two 
constants , and n,/Q suffice to fix the boundary 
conditions; and, conversely, measurements of 
sound in the room can determine only these 
two constants. 

Experimental data on the dependence of R 
on @ have not been taken for very many ma- 
terials. Those which have been measured show 
curves indicating values of (Q/n,) between 2 
and 15 (some are complex), and values of 1; so 
much larger than unity as to be indistinguishable 
experimentally from infinity. It therefore seems 
justifiable to consider the absorbing property of 
a wall material to be adequately represented by 
a normal acoustic impedance Z, independent of 
the angle of incidence of the sound wave, but 
dependent on frequency. This impedance can 
be measured by a suitable modification of the 
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Fay-Hall® impedance bridge, for instance. It jg 
the purpose of the rest of this paper to show how 
the acoustic properties of a simple room can be 
computed if the normal impedances of its walls 
are known. 


THE STANDING WAVES OF SOUND IN A Rooy 


For our detailed analysis we will assume a 
rectangular room, with three joining edges along 
the positive parts of the three coordinate axes, 
and with dimensions /,, 1, and 1,. Each wall will 
be uniformly covered with absorbing material: 
that on the wall in the plane x=0 having normal 
impedance Z.1, and that on the wall in the 
plane x=/, having the impedance Zz. (these 
two walls will be called the x walls), and so on. 
The pressure distribution in a single standing 
wave (either in forced or free oscillation) is 


pr=X (x) V(y)Z(z), 
X =cosh [(rx/lz)(—Kke+jus) +z] 


and the factors Y and Z are similar to X, 
except that x is changed to y or z. The values 
of the constants x, w and yw are to be determined 
by the boundary conditions. 

For instance, at the x=0 plane the pressure 
is ZY cosh yz, and the normal velocity just in 
front of the wall is 


Ur-9 = —(1/2rjvp)(dp/dx) 2-0 


ae Ke+jMz , 
= — (—=*) sinh y,- Y-Z, 
2jvol, 


where » is either the driving frequency in forced 
vibrations, or is the natural frequency if the 
wave is in free vibration. The boundary condition 
that pro= —Zitz-9 then corresponds to the 
equation 


j coth (Wz) = (21/n2z)( = Kz+juz), 


where ¢,1=Zz21/pc is the ratio of the normal im- 
pedance of the wall to the characteristic im- 
pedance of the air, and where 7,=2/,v/c=21,/h 
is the ratio of the room length to the half-wave- 
length, and is a quantity proportional to the fre- 


quency. The six boundary conditions at the six 


5R. D. Fay and W. M. Hall, J. Acous. Soc. Am. 10, 
259(A) (1938). 
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SOME ASPECTS OF 
walls result in three equations from which the 
quantities Kr, Ky, Kzy Mzy My and yp, can be deter- 
mined. The equation for the x walls is 


aj(HetjKz) +coth'[(¢12/n2) (uzt+jxz) | 
+coth~! [(22/nz)(uz+jx) ]=0. (3) 


Due to the periodicity of the hyperbolic 
cotangent with yw, we have an infinity of possible 
solutions of each of the three equations; the 
lowest value corresponding to a wave with no 
pressure nodes perpendicular to the x axis, and 
the n,th corresponding to one with m, pressure 
nodes perpendicular to the x axis, and so on. 
The integers ,, n,, n- therefore serve to label 
the particular standing wave under examination. 
Those waves for which n,=n,=0 will be said to 
be “normally incident’’ on the x-walls; those 
for which »,=0 are “grazing incidence’’ waves 
for the x-walls, and so on. The reason for the 
quotation marks will become apparent later. 

As soon as the values of the «’s and w’s are 
known, the acoustic properties of the standing 
wave can be computed. For instance, the fre- 
quency factor for free vibration can be expressed 
by the exponential e#"'~*=*, where substitution in 
the wave equation shows that 


(wn +jkn)* = (re)?[ (uetjxz/lz)? 
+ (uytsKy Ly)? + (usetjxz/l.)?). 
In the great majority of cases we can neglect k? 


compared to w*, in which case the frequency of 
free vibration of the standing wave is 





2 2 2 s 9 2 243 
Wn Cl Mr" —Kz My — Ky Be — Kz | 
Vn ps + (4) 


ae A dt 1,? 1? 


and the attenuation constant, giving the rapidity 
of decay of the wave, is 


rc? . . 
b= (Clue. 1,7) + (uyky Ly?) + (u2«./l,*) | 
Wn 
= (c/4)((1/12) (621 +6.2) 
+(1/Ly)(6y:+5y2) + (1/12)(621+622)], (5) 


where (621-+6,2) = (4 cks/ N12), etc. 


In this formula, in 7,=(2vl,/c) etc., we use here 
the frequency »v, of free vibration. 
Comparison with the usual equations® for the 


°F. V. Hunt, J. Acous. Soc. Am. 10, 223 (1938). H. 
Cremer and L. Cremer, Akust. Zeits. 2, 6 (1937). 
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decay constant k, shows that the quantity 
(4aru.x,/nz) plays the same role in the expression 
for k as the quantities (az1+az2) cos 6, do in the 
free wave analysis. We shall see later that in 
many cases this quantity (47u,«:/.z) breaks into 
two terms; one, which can be called 6,:, depend- 
ing only on the x1 wall, and the other, 6,2, de- 
pending only on the x2 wall In these cases the 
analogy with the free wave case is particularly 
close. 

The quantities 6 will be called damping coeffi- 
cients, and are the correct expressions to use in 
the formula for kp, instead of the expressions 
a cos @ which are obtained when the waves are 
considered to be undistorted plane waves, uni- 
formly distributed throughout the room. Even 
when 6,; is not a function of the x1 wall alone, 
the sum (6,1+45,2), a function of the properties of 
both x-walls, can be considered to be a combined 
damping constant for both x-walls. 

In the case of forced vibration, where the 
source function is g(x, y, z)e', the usual expan- 
sion in normal modes’ shows that the steady-state 
pressure in the room is given by the series 


jwpc*B,, 
p= —— "pein, 
n w*—(watjkn)? 
The amplitude of the nth standing wave is there- 
fore equal to a product of p, (see Eq. (2)), giving 
the distribution in space of the mth wave, times 
a constant B, dependent on the placing of the 
source, times a resonance term 
— pc? 
RE NR ge RE 
w?—(wntjkn)? 2Rrtj(w— (wn?/w)) 


where w, is given by Eq. (3) and k, by Eq. (4). 
In this case, however, the quantities n, = (2vl,/c), 
etc., in k, are in terms of the frequency v of the 
source. The constant k, is the quantity used in 
steady-state measurements of room acoustics.*® 
Therefore, to investigate the acoustic proper- 
ties of a room with uniform coverage, we need to 
compute the behavior of the quantities 6:+42 
= (4rxu/n) and w2—«? for each of the wall pairs, 
as functions of the wall impedances ¢=(Z/pc), 
for each of the standing waves in the room. The 
acoustic response of the room, and its reverbera- 


jpwe? 








7 Reference 4, page 315. 
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tion time, will be composite quantities, obtained 
by taking the corresponding values for each 
standing wave, weighted by its source coefficient 
B,, and its resonance denominator, and combin- 
ing them in the proper manner. This will be 
done in subsequent papers.! The final result will 
depend as much on the shape of the room as on 
the nature of the absorbing material. 


CALCULATION OF THE DAMPING COEFFICIENTS 


Equations (3) indicate that the quantities 
(u2— x?) and 4ryux are functions of the complex 
variables (/m)=(2vl/c)(pc/Zm), (m=1, 2), 
which are proportional to the frequency and in- 
versely proportional to the normal impedances of 
the two walls. It is also apparent that the two 
quantities for x depend only on the properties of 
the two x-walls; and likewise for y and for z; so 
that the calculations can be carried out for each 
of the three wall pairs separately, and the results 
combined at the finish. 

The equations to be solved are each of the form 


1j(ut+jx) +coth [(¢1/n)(ut+jx) ] 
+coth™ [(¢2/n)(u+jx) ]=0. 


The impedances Z,, are sometimes complex, 
with phase angles gm. In such a case we can 
write (m=Yme*", where y» is the magnitude of 
(Zm/pc). Solutions of this equation can be ob- 
tained in the form of series in powers of the 
quantity (»/y), useful for calculations for low 
frequencies, small rooms and large Z’s (small 
absorption) ; or in series in powers of the recip- 
rocal (y/n), useful for high frequencies, large 
rooms and small Z’s (large absorption). One 
computes a series for (u+jx)? and then obtains 
series for (u?—«?) and 2ux« in terms of the fre- 
quency parameter 7, and ¢; and £2, the impedance 
parameters for the pair of walls under considera- 
tion. The intermediate range of the variables 
must be calculated by numerical or graphical 
methods. 

The solutions are labeled with the number 2, 
giving the number of pressure nodes parallel to 
the wall pair concerned, in the particular standing 
wave studied. The series solutions for different 
values of n, for the case where (y/ny) (or /y for 
n=() is small compared to unity for both walls, 
the series are: 
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The series for (n/my1) small and (n/ny2) large are 
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bnit+dne=(4/n?)(n+1)*(y1C0s gity2Cos ¢2) 


6 
——(n+1)*[y1? sin 2¢) 
7n® 


+2172 sin (g1+ ¢2) 
+72? sin 2¢2]+---. 


In all these formulas, 7=(2vl/c) =(21/d) where 1 
is the distance between the pair of walls under 
consideration. The normal acoustic impedance 
Z1=pct,=pcy,e’*, and similarly for the second 
wall. To determine the distribution of the wave 
in the room, the frequency of the wave, its decay 
time and resonance response, one inserts these 
series results into Eqs. (2), (4) and (5). Contour 
plots of the damping constants (65,:+462) for 
¢1= ¢2=0, are given as functions of y; and yo, 
for n=0 and n=1, in Fig. 1. We note that the 
damping constant has a maximum value, and 
that the coefficient for 7=0 is smaller than that 
for n=1. 
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Fic. 1. Contours for the damping coefficients 5, for a 
normal mode, due to a pair of opposite walls having real 
impedances Z, and Z2; for frequency parameter 7=6. 
Values are given of the sum of the 4’s for both walls, as 
functions of the impedance parameters y; and y2. Lower 
contour plot is for ‘‘grazing incidence’ waves; upper plot 
for waves with one pressure node parallel to walls. 
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When one of the walls in a pair is stiff (n/71 
very small), the formulas simplify, 5; and 62 can 
be separated, 6; being equal to (4/71) cos ¢; (or 
to one-half this for 7=0), and the series for 52 and 
(u?— x?) become: 
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Fic. 2. Damping coefficient 5, for a normal mode, due 
to one wall when opposite wall is a poor absorber; plotted 
as function of the ratio of the frequency parameter 
n=(2vl/c) to the impedance parameter y=(Z/pc), for real 
wall impedance Z. Curves are given for different values 
of , the number of pressure nodes parallel to wall in the 
standing wave. 
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Values of the damping constant 62 for this sep- 
arable case are plotted as function of the variable 
(n/y2), for real values of ¢2 in Fig. 2, and for 


























Fic. 3. Damping coefficients, for ‘‘grazing incidence” 
modes, due to a wall having impedance magnitude pc 
and phase angle ¢; plotted as function of (n/y) for different 
values of ¢. 
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Fic. 4. Damping coefficients due to one wall for the 
normal modes having one pressure node parallel to the 
wall, as functions of (n/y), for different values of ¢. 


different values of the impedance phase angle 
v; in Figs. 3, 4 and 5. Figure 6 gives values® of 
(u2—kr?)! for g2 and (1/71) zero. From these 
the acoustic properties of most rooms can be 
calculated. 


DISCUSSION 


A number of conclusions of interest in acoustics 
can be obtained from these calculations. In the 
first place the damping coefficient for any wall 
pair for a given standing wave is an additive 
function of the constants for each separate wall 
only if one or both of the walls are not very ab- 
sorbent (i.e., if y is considerably larger than 7). 
If both quantities (n/71) and (n/y2) are large 
enough so that their squares cannot be neglected, 
the series is not additive, and the absorption of 
one wall affects that of the opposite one. Another 
way of stating this same fact is to say that the 
effect of having one wall live and one wall very 
absorbent may not be the same as the effect 
for both walls having an average value of the 
absorption. 

Figure 1 shows some of these properties of the 
damping coefficients. When both y; and ye are 
very large (both opposite walls live) the 6’s are 
small and separable. In this region the 6’s for 
n=( (the “‘grazing incidence’ waves) are ap- 
proximately equal to one-half the value of the 
5's for m larger than zero. As y; and y2 diminish, 
(6:+62) increases until it comes to a maximum. 
In this region the 6’s are not separable, and the 





§ Tam much indebted to Mr. N. B. Bhatt and Mr. R. L. 


Brown for valuable aid in the calculation of some of these 
curves, 
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Fic. 5. Damping coefficients due to one wall for the 
normal modes having two pressure nodes parallel to the 
wall. 






































Fic. 6. Frequency coefficients (u,2—x,2)!, for a normal 
mode, due to one wall when opposite wall is a poor absorber, 
plotted as function of (n/y), for real wall impedance pcy. 
Curves are given for different values of ”, the number of 
pressure nodes parallel to the wall, in the standing wave. 


value of their sum for = 0 is considerably smaller 
than the values for »>0. If the y’s are decreased 
enough, the damping coefficients will again drop 
off in value. In most cases, there is an optimum 
set of values of y: and y2 for maximum damping; 
making the walls either softer or harder will 
diminish the damping coefficients. 

Another interesting point is brought out when 
we attempt to compare the free wave equation 
for damping coefficient 





1 —2 
Stree =(1—R) cos @ = (&/(1+— ) : 
t real ¥y cos 6 


obtained from Eq. (1), with those for the part of 
(4runkn/n) due to wall 2 in Eqs. (11), (12) and 
(13). In the first place, there is no angle of inci- 
dence @ in the latter formulas, since these are for 
standing waves whose angles are determined by 
the boundary conditions. The nearest approach 
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to an angle of incidence is given by the equation 


1 
cos 6=—(u?— x)! =(n/n) 
n 


corresponding to the requirement that cos @ is 
the ratio of the wave-length to twice the distance 
between nodal surfaces parallel to the wall in 
question. 

For normal incidence Eq. (12) shows that 7 
must be approximately equal to m, an integer; 
or, to put it another way, for any value of 
n=(2vl/c) there is a maximum allowed value 
of ”, Mmax, Which is not larger than 7. For this 
nearly normal incidence the damping coefficient 
is approximately equal to (4/y2) (for ¢ real) 
which is the value required by the free wave 
formula when y is large. More oblique angles are 
obtained by choosing values of m less than Mmax, 
for the same value of 7. Not all values of the 
angle of incidence can be obtained, however, for 
the boundary requirements specify that only 
integral values of m can occur. One cannot, 
therefore, plot a continuous curve of damping 
coefficient against angle of incidence for a given 
frequency; all that is possible is to obtain dis- 
crete values of 6, for the various allowed values 
of cos 6= (yu?—x*)!/n. 

Figure 7 shows this behavior for two cases. 
The circles show the correct values of 6 and the 
solid line the corresponding values for 5 free. 
The circles approach closer and closer to the 
lines as y is increased. In every case, however, 
the correct value of 6 is larger than the free 
wave would allow. In fact, for the case y =5, the 
damping coefficient has a maximum value for 
n=3. There is some evidence that experimental 
data matches the circles better than the solid 
line.® 

This excess over the free wave, uniform dis- 
tribution value is another aspect of the distortion 


9 The data given by F. V. Hunt, J. Acous. Soc. Am. 10, 
226 (1938) are plotted as 6/cos 0, except for the case of 
6=90°, where 6 is given. If the points in his Fig. 7 are 
multiplied by cos @ except for the ‘grazing incidence’”’ 
point, it will be seen that they follow the general trend of 
the circles in Fig. 7 of the present paper rather better 
than they do the solid curve. In fact the data seem to fit 
a set of circles for y=12 quite satisfactorily, including the 
case of 6=90°. Incidentally, it should be noted that the 
curve in Hunt's Fig. 9 for 6 for grazing incidence is, within 
the accuracy of the data, just one-half as high as the curve 
for 6 for normal incidence, given in his Fig. 6. 


of the wave by the absorbing material. A moder. 
ately “‘stiff’’ wall tends to “‘pull’’ the sound wave 
toward it, causing the pressure amplitude for 
each standing wave to be somewhat larger near 
the wall than it is elsewhere. This tendency con. 
tinues as the wall impedance decreases until a 
certain optimum impedance is reached, whose 
value depends on y and on n. Any further de. 
crease in wall impedance will then cause the 
sound wave to recede from the wall; and 
eventually, for a very “‘soft” wall (or a very high 
frequency) the standing wave will have a pres. 
sure node at the wall instead of a loop. This 
case corresponds to that of an organ pipe with 
open end. These tendencies are illustrated jn 
Fig. 8, where the amplitude of the factor de- 
pendent on x in the expression for p, is plotted 
for n=1 against (x/l,), for one perfectly hard 
wall at x=0 and one absorbing wall at x=I,, 
When (7/7) is small, the factor is nearly equal 
to a cosine curve, with pressure loops at the two 
walls and a node midway between. As (n/¥) 
increased, the loop at the absorbing wall first 
increases in amplitude and then diminishes, 
changing to a pressure node for (n/y) large 
enough. The node, originally at the midpoint, 











Fic. 7. Damping coefficients 6 for standing waves, for 
two pairs of values of frequency parameter y and impedance 
parameter ¢=~¥ (for ¢=0), as function of angle of incidence 
6 of wave on wall. Circles show allowed values of 6 and of @ 
as given by exact theory. Solid line gives values obtained 
by making the approximation that the incident wave is an 
undistorted plane wave. 
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SUME ASPECTS OF 





THE 


blurs out and moves away from the absorbing 
wall. The x term in the expression for the fre- 
quency of the standing wave starts out, for 
(n/y) small, as that for a wave in a pipe closed 
at both ends; and ends up, for (/y) large, as 
that for a wave in a pipe closed at one end and 
open at the other. 

Another manifestation of this alternate attrac- 
tion of the wave toward, and then recession from 
the wall as (/y) is increased, is evident in the 
curves for 6 shown in Fig. 2. The damping 
coefficient 6, first increases to a maximum at 
(n/y) roughly equal to n, and thereafter rapidly 
decreases as (n/y) is further increased. The 
tendency to form a node at the wall can be con- 
sidered to begin at (n/y) =n for the nth wave. 

Another very important point indicated in 
Fig. 6, and also in Eq. (11), is that the effective 
damping coefficient for “grazing incidence”’ 
waves (those for n=0) is not zero, as might be 
expected from the equation for dfree. This does 
not mean that the equation for 
but simply that it does not apply 
for the angle of incidence @ for 


Stree IS Wrong, 
inside a room; 
the waves for 
n=0 is not exactly 90°. No waves can be true 
grazing incidence waves in a finite room with 
absorbing walls. A little consideration will show 
why this must be so. A true grazing incidence 
wave has no component of air velocity normal to 
the wall. This contradicts our boundary condi- 
tions, for there is a pressure fluctuation at the 
wall, and since the wall has a finite normal im- 
pedance, there must be some normal velocity. 
For low frequencies (more specifically, for 
small values of (n/y), Eq. (11) shows that 
the damping coefficient for ‘‘grazing incidence”’ 
(n=0) is just half that for normal incidence. 
This factor of one-half has been derived theo- 
retically before by more approximate methods,’® 
and has since been verified by several experi- 
mental measurements.':* The present calcula- 
tions indicate that when the damping coefficient 
for normal incidence is less than 0.4 (i.e., y is 
greater than 10), and 7 is less than 10, then all 
standing waves except the “grazing incidence” 
ones have damping coefficients equal to the 
normal coefficient, and the ones for n=0 have 


” Reference 4, page 309. See also L. Brillouin, Rev. 
d'acoustique 5, 99 (1936). 
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ABSORBING WALL 
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Fic. 8. Pressure amplitude of standing wave as function 
of distance x between two parallel walls of a room, for a 
mode having one pressure node perpendicular to x; when 
one wall is rigid and the other has an effective acoustical 
impedance pct which is real. Curves show distortion of 
wave due to absorbing wall, for three different values of ¢. 


coefficients equal to one-half the normal coeffi- 
cient. 

When this is the case, the damping of any 
combination of standing waves in a room can be 
built up fairly easily out of a set of exponentials 
e-**. The exponential factor k for all waves which 
do not graze any wall (”,, ,, m- all greater than 
zero) is obtained by using the normal damping 
coefficients for each wall in the expression 


k= 





[ (612+ 522) yl e+ (61y+ 5ey)llz 


lll. 


+(61.+622)l1,]. (14) 


In these cases the 6’s play the same role as the 
average absorption coefficients in Sabine’s for- 
mula. However, the grazing incidence waves 
have a different exponential factor ; those grazing 
the x-walls and not grazing the others will have a 
factor k similar to that given in Eq. (14), except 
that the term for the x-walls will be multiplied 
by (3); and so on. The pressure decay formula 
will have seven different exponential factors, and 
if one wall is somewhat softer than the other 
five, the decay times of several of the factors 
may be considerably longer than the others. We 
must therefore expect that pressure decay curves 
for a combination of several standing waves 
(excited by a warble-tone, for instance) cannot 
give true straight line plots on a decibel scale. 
Except in unusual cases, only individually ex- 
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cited standing waves will have straight line decay 
curves. 

At higher frequencies, or for smaller y’s, the 
effective damping coefficient for »=0 decreases 
in value, approaching zero as (7/7) becomes in- 
finite (i.e., as the waves become effectively 
“‘free’’). This is due to the receding of the pres- 
sure wave from the soft wall, as has been men- 
tioned earlier. As (m/v) increases, one after 
another of the standing waves (for larger and 
larger values of m) recedes from the wall, and 
its damping coefficient reduces in size. The 
standing wave whose angle of incidence is near 
zero (‘‘near-normal”’ incidence) still have pres- 
sure loops near the wall and still are strongly 
absorbed. The waves whose angles are near 
grazing have pressure nodes near the wall and 
are poorly absorbed. 

In such cases the decay curve for a combina- 
tion of waves is quite complicated in form. The 
near-normal incidence waves will be very rapidly 
damped out, leaving the much more slowly de- 
caying waves which ‘“‘graze’’ the soft wall. In 
such cases the measured “reverberation time”’ 
for the combination will depend almost entirely 
on the decay of the “grazing incidence’’ waves, 
which are only slightly affected by the absorbing 
material. In certain cases, in fact, making one 
“soft” wall still softer will actually zxcrease the 
effective ‘‘reverberation time’’ for the warble- 
tone sound. 

This difference in distribution of sound energy, 
the strongly absorbed waves having large ampli- 
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tudes near the soft wall, and the near-grazing 
waves having small amplitude there, may explain 
why the sound near a very absorbent wall de. 
cays more rapidly than the sound at some dis. 
tance from the wall. 

The analysis given in this paper seems to be 
adequate to explain the contemporary experi- 
mental results for the acoustics of rooms with 
uniform coverage on each wall. The results ob- 
tained enable one to calculate the acoustic 
properties of the standing waves in such a room 
in terms of the normal acoustic impedances of 
the wall materials; provided only that the im. 
pedances do not change with angle of incidence 
(i.e., provided the effective index of refraction 
for waves in each wall, parallel to the surface, 
is much larger than unity). Before the results 
can be applied to the usual practical problems of 
room acoustics, however, the damping constant 
for each standing wave must be combined to 
give an average absorption coefficient for all 
waves excited by a given source: and some 
simple method must be devised to calculate the 
dependence of this average absorption coefficient 
on the room arrangement and on the nature and 
position of the source. The analysis must also 
be extended to rooms with non-uniform coverage 
of absorbing material on the walls, where diffrac- 
tion effects will enter." 

Both of these extensions of the theory are 
being attacked. 


11 P, M. Morse and P. Rubinstein, J. Acous. Soc. Am. 10, 
258 (1938); Phys. Rev. 54, 895 (1938). 
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Effect of an Absorbing Wall on the Decay of Normal Frequencies* 


N. B. BHATT 
Massachusetts Institute of Technology, Cambridge, Massachusetts 


(Received June 5, 1939) 


The acoustical damping of individual normal modes of sound in a model rectangular chamber, 
due to absorbing material on one wall, was measured experimentally by two different methods. 
Using a ‘‘constant output”’ source at one of the resonance frequencies the reduction in intensity 
level due to insertion of the absorbing material was measured; a ‘‘steady-state’’ measurement. 
The reverberation time for each normal mode was also measured; a ‘‘transient’’ measurement. 
The two sets of data, reduced to the same units, checked fairly well. The combined results 
were then used to verify some of the predictions of the recent theory of room acoustics. The 
intercorrelations between these data, and the comparisons with directly measured values of 
the normal acoustic impedance of the absorbing material show that the theory is verified, 
within the rather large experimental error of the measurements. 





N view of the theoretical considerations given 
in the paper by Morse! it is important to 

investigate experimentally the ‘‘decay”’ proper- 
ties of the normal modes of vibration of a room. 
The present work refers to such an investiga- 
tion made with a rectangular room with one of 
its walls covered with an absorbing material— 
which is the case discussed in the paper men- 
tioned. The decay of sound, in general, is made 
up of a large number of normal modes of vibra- 
tion each having its own attenuation character- 
istics depending upon its orientation with 
respect to the absorbing wall and the normal 
impedance of the absorbing material. The prob- 
lem here is to study the decay properties of 
different normal modes individually and see how 
the results check with the predictions of the 
theory. 

The number of these normal modes increases 
rapidly with frequency; consequently the isola- 
tion of individual modes is not always possible. 
The measurements have therefore to be con- 
fined to the first few modes of vibration, which 
are fairly well separated in frequency. For rooms 
of moderate size, the first few modes lie below the 
useful frequency range; hence recourse must be 
made to small chambers having dimensions to 
suit the desired range of frequency. Besides using 
only small areas of absorbing material, the use 
of a small chamber affords facility in experi- 





*Presented at the Tenth Anniversary Meeting of the 
uaa Society cf America, held in New York, May 15, 
1See the paper by Philip M. Morse in this issue of the 
Journal : ‘Some Aspects of the Theory of Room Acoustics.” 





mental manipulations. Although the simplest 
possible conditions, with five walls perfectly 
rigid and only one wall absorbing, cannot be 
achieved in practice, a good enough approxima- 
tion can be obtained by selecting walls of fairly 
heavy material with smooth surface and low 
absorbing power. 


THE REVERBERATION CHAMBER 


The reverberation chamber used in the present 
measurements was made from polished slate 
pieces (3 in. average thickness) held together in 
a steel frame. The corners were cemented with 
Webstex cement to make the chamber fairly air- 
tight. The inside dimensions are 49” K 333" X19”, 
the values having been selected to avoid degen- 
eracy of modes of lower frequencies, and also to 
“space out”’ the lower modes as far as possible. 
The top, which is removable, is clamped down to 
the steel frame which extends a couple of inches 
on all sides, using a rubber gasket to make it air- 
tight. With slate this thin, wall resonances were 
noticed at several frequencies, as was expected. 
Two of these resonances occurred at 149 and 160 
cycles, which interfered with the fundamental 
air resonance at 139 cycles. This interference was 
minimized by backing all the walls with a 23” 
layer of fine graded sand, placed between the 
chamber and a wooden casing. Sand bags were 
used on the top slate during experiments. This 
arrangement, by no means ideal, has worked 
satisfactorily. To reduce the noise-level, pieces 
of sponge rubber 2” in thickness were interposed 
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between the floor of the building and the wooden 
casing. This reduced the noise-level inside the 
chamber by about 10 db from its value outside. 


THE SOURCE OF SOUND 


A Western Electric telephone ‘‘receiver’’ 
Type 555 supplied with electrical input from a 
General Radio beat frequency oscillator at 
various frequencies is used as the source. Sound 
from the receiver is let into the chamber through 
a brass tube 6” in length and 2” in diameter. To 
eliminate its resonance the tube was packed full 
of No. 18 copper wires as suggested by Hunt.’ 
With this arrangement the output from the 
source to the chamber is reasonably independent 
of the driving point impedance of the chamber. 

The measuring equipment consisted of a 
General Radio sound level meter and a reverbera- 


2F. V. Hunt, J. Acous. Soc. Am. 10, 216 (1939). 
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tion meter developed by Hall.* The microphone 
which is the crystal type is placed inside the 
chamber and is connected to the rest of the 
circuit by an extension cable. The dimensions of 
the microphone are fairly small compared to the 
wave-length of the normal modes investigated. 
It was found necessary to ground some parts of 
the measuring circuit electrically and also to 
ground the steel frame of the reverberation 
chamber. 


EXPERIMENTAL PROCEDURE 


The experiments carried out fall under two 
classifications: (i) resonance response measure- 
ments and (ii) reverberation time measurements, 


(i) Resonance response measurements 


The source of sound is placed in one corner of 
the chamber and the microphone in a corner 


3W. M. Hall, J. Acous. Soc. Am. 10, 302 (1939). 
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Fic. 1. Resonance response curve of a rectangular chamber 49” X 333” X19” with (a) bare walls, and 
(b) one wall covered completely with Acousti Celotex C4. Microphone is placed in a corner diagonally 


opposite to the source. 
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diagonally opposite to the source. The response 
curve is obtained by varying the frequency of 
the source and reading the corresponding in- 
tensity on the sound level meter, which is 
calibrated to read in db. The input to the source 
from the oscillator was adjusted so as to keep 
the voltage across the voice coil constant at all 
frequencies, the value chosen being 0.20 volt. 
Since the microphone is placed in a corner, 
where each normal mode has a pressure maxi- 
mum, all the modes would be recorded in such a 
response curve. The lower part of Fig. 1 shows 
the response characteristics when the walls of 
the chamber are bare. The peaks correspond 
to the normal frequencies of the chamber, and 
check the values calculated from the usual 
formula given at the top of Fig. 1. The dimen- 
sions of the chamber, /,, /, and /., lie along the 
x, y and z axes in order of their magnitudes, /, 
being the longest dimension. The corresponding 
n,, n, and n, define the orientation of a particular 
mode with respect to these axes: their values are 
written on top of each peak in the curve. Thus 
the first peak has n,=1, n,=0 and n,=0; which 
means one pressure node perpendicular to the 
x axis, and so on. No normal mode occurs below 
100 cycles. Cases of degeneracy, having more 
than one mode for a peak, have occurred. There 
are two modes corresponding to the frequencies 
407, 424, 490, 580 and 685 cycles each. 

The identification of the normal mode was 
further verified by sound field measurements. 
The source was tuned to one of the peak reso- 
nance frequencies and the microphone moved 
along the walls in the three directions. The posi- 
tions and the number of pressure nodes along 
each axis were determined for all the resonances 
given in the curve of Fig. 1. The degenerate 
cases give a mixed sound pattern. In all other 
cases the maxima in the pattern were found to be 
broad but the minima were fairly sharp. 

It must be remarked here that the nature of 
the response curves depends upon the position 
of the microphone. Thus all the odd modes of 
vibration (corresponding to any odd m) are 
absent in the response curve obtained by placing 
the microphone at the center of the chamber. 
This fact is utilized in isolating the modes of 
higher frequencies. 

The curves on the upper part of Fig. 1 show 
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the effect of covering one of the walls with sound 
absorbing material—Acousti Celotex C4. The 
microphone was placed in the same corner as 
before. The electrical input to the source was 
also the same. The solid line refers to the case 
when the material was placed on the floor, i.e., 
1,1, wall, and on comparing it with the bottom 
curve it will be noticed that: (i) The first five 
peaks have dropped down in intensity and have 
been broadened. (ii) All the peaks at frequencies 
greater than 400 cycles have been merged 
together, resulting in a uniform response. (iii) 
The frequencies at which the first five peaks 
occur have all been lowered. All of these modes 
have n,=0. 

The dotted curve refers to the case when the 
absorbing material was placed on one of the side 
walls, /,/,, Due to its smaller area the loss of 
intensity is not as much as in the previous case, 
but the higher modes have been merged as 
before. The second and the third peaks do not 
show noticeable decrease in frequency because 
the length /, is diminished by the amount equal 
to the thickness of the material (14 inch) and 
since these modes have n,>0, their frequencies 
are raised on this account. The peak for the 
(0, 0, 1) mode at about 360 cycles is missing 
from the solid curve, though it is present in the 
dotted curve. This wave is normally incident 
on the floor, and ‘‘grazes”’ the side walls; so that 
when the material is on the side wall (dotted 
curve) the absorption of this mode is small. 

Table I gives the decrease in sound levels of 
normal frequencies in the steady state, brought 
about by the introduction of absorbing material. 
The values are given under columns marked 
(a) for two different materials placed on two 
different walls, only one wall being covered 
at a time. The columns marked (b) give values 
obtained from reverberation measurements to be 
described later. 

The values for the sound levels of different 
peaks when all the walls are bare are not per- 
fectly reproducible there being day to day fluc- 
tuations. These do not seem to be due to tem- 
perature which does alter the frequency of the 
modes. However, it was found that the results 
are very sensitive to the change in rigidity of 
walls and manner of clamping. The maximum 
variation noticed in these experiments, however, 
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was not more than 4 db since conditions were 
kept the same as far as possible. The variations 
are decidedly less when absorbing material is 
introduced. In each case an average of six de- 
terminations is used for the final value. 


(ii) Reverberation measurements 


Since the decay of an isolated normal mode is 
truly exponential the measurements of reverbera- 
tion time are simplified. The decay time is 
measured in the usual manner by measuring the 
time interval for the sound to fall from one level 
to another, these levels being fixed by a system 
of two relays in the reverberation meter. The 
upper level is kept fixed at a suitable value and 
the lower level is adjusted by known amounts 
by means of a calibrated attenuator; in this way 
an intensity-vs.-time curve is obtained from 
which reverberation time can be calculated. The 
initial sound intensity required is nearly 90 db, 
which necessitated higher input voltage across the 
voice coil when absorbing material is put inside 
the chamber. It is advantageous to use high 
initial intensities as it helps to cover a wider 
range of the decay curve above the noise level. 
In the present case a range of 40 db was available. 

When the decaying sound consisted of only a 
single mode, the plot of sound level in db-vs.-time 
turned out to be a straight line within experi- 
mental error. Each point on the curve was fairly 
reproducible and the variations were not more 
than 7-8 percent. The microphone was kept 
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in the corner in case of the first few modes 
which are well separated from one another; bet 
for the rest it was placed at the center of the 
chamber, so that only the even modes are avail. 
able for individual study in the upper range. 

Degenerate frequencies do not usually give 
straight line decay curves. When two modes 
differing in frequency by a small amount are 
excited simultaneously, the resulting beats of low 
frequencies give peculiar results, as is also true 
when several resonance peaks overlap consider- 
ably due to absorption. All such cases are 
avoided in the present work. 

To obtain a different orientation of a given 
mode with respect to the absorbing material the 
material was changed from one wall to another, 
Two types of material are used: Celotex tile 
board and wool-felt. 


RESULTS AND DISCUSSION 


The decrease in the sound level due to the 
introduction of the absorbing surface in the 
chamber can be measured directly; but it can 
also be computed from the change in reverbera- 
tion times produced by introducing the material. 
Thus if 72 and 7, represent the reverberation 
time with and without the material, respectively, 
the quantity 20 logiy (T2/T1) gives the required 
decrease in sound level. Columns under (b) in 
Table I give the values of this quantity obtained 
from reverberation time measurements for vari- 


TABLE I. Decrease in sound levels of normal frequencies. 
































CELOTEX TILE BOARD WooL-FELT 
1lz-WALL lylz-WALL 1z1lz-WALL Lyjlz-WALL 
FREQ. MopDE (a)T (b)* (a) (b) (a) (b) (a) (b) 
203 010 8.5 db 9.1 db 2.5 db 4.9 db 3.0 db 3.5 db 5.5 db 3.2 db 
246 1190 ine io 9.4 * Se ia > ae on TS ilies 8.9 * 
276 200 os” Liss ** 1 * 10.8 ‘ 66 “ on ino“ 2 ” 
343 zs 14.7 ‘“ — vo i as m1 i ho oe 
353 001 Ses ig oo 6.6 ** A 6.0 * 8.4 ‘ ta 
380 101 ~~ * iw 30 * ie ~* 6.6 “ 10:3 “* i 
406 020 is.6°“* |S Oe il az ** 10:35 * > dead i iia — — 
492 2290 10.4 ‘ Sie 2 awe — io ip —- _— 
553 400 9.6 ‘ | as 8.8 ‘ 9.0 ‘ 14.8 ‘‘ Fie eo 105 ™ 
706 002 _- —- —- ~- 10.2" su" =" ao * 
758 202 5° = 6.0 * 63°" — — -- — 
829 600 Zs * Sl 4.4 * _- — -—-- 7 i a i 
897 402 6.0 *“ 69 * 63 ta * to 14.0 ‘ y i Ma 























t Values obtained from steady-state measurements are given under (a). 


* Values obtained from reverberation measurements are given under (b). 
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ous normal frequencies. The values are com- 
pared with those in columns (a) obtained directly 
from steady-state measurements. 

It will be noticed that the agreement is fairly 
good in most cases considering the nature of the 
work and the limitations of the apparatus. The 
larger discrepancies are usually due to inter- 
ference of adjacent modes, in which case the 
resonance method gives a much larger decrease 
in sound level as is to be expected. As a matter of 
fact, such large discrepancies in several cases 
led to the discovery of degenerate cases at the 
frequencies involved. 

The damping coefficient! for various modes 
have been computed by the formula 


V 0.448 
T =0.0245—= 
a a 


a=A6+A}6,+A2(6,/2) 





where 


V is the volume of the chamber in cu. ft. 
A is the area of the material in sq. ft. 
A, is the area of walls parallel to which there 
is a node (in sq. ft.). 
A, is the area of walls parallel to which there 
is no node (or nodes). 
T is the area reverberation time. 
5is the damping coefficient for absorbing 
material. 
6, is the damping coefficient for slate. 


Since the impedance of the slate walls is high 
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it is assumed that, within the frequency range 
used, the damping coefficient for slate for 
modes having »=0 is half that for the modes 
having n>0.!>4 

It is found that the damping coefficient for 
normal incidence for slate is different for differ- 
ent modes, the values ranging from 0.011 to 
0.020. It is possible that the wall impedance, 
though high, varies with frequency in a com- 
plicated manner. Since the walls are not per- 
fectly rigid the impedance may be complex. 

The values for the damping coefficients of 
Celotex tile board and wool-felt are given in 
Table II. They are obtained from the measure- 
ments described before. Blanks occur at places 
where values could not be obtained, due to 
interfering influence of the neighboring modes. 

The normal acoustic impedance of the two 
absorbing materials has also been measured 
by the ‘“‘standing wave’’ method,‘ using a tube 
closed at one end of the material. The measure- 
ments are not very accurate, because of the 
difficulties in mounting the material in a manner 
corresponding to the mounting inside the rever- 
beration chamber; and also because of the 
inherent inaccuracies of the method when used 
on materials of high acoustic impedance. 

The measured values of impedance magnitude 
and phase angle for different frequencies are 
given as circles and crosses in Fig. 2. 


4P. M. Morse, 
1936). 


Vibration and Sound (McGraw Hill, 


TABLE II. Damping coefficients. 
































CELOTEX TILE BOARD WOOoL-FELT 
l-lz-WALL Lylz-WALL 1,12-WALL lylz-WALL 

MEASURED | CALc. MEASURED CALc. MEASURED CALC. MEASURED CaLtc. 
FREQ MopE VALUES | VALUES VALUES VALUES VALUES VALUES VALUES VALUES 
203 et¢ 0.16 0.15 0.09 0.09 0.054 0.07 0.056 0.06 
246 : 2g 0.18 0.22 0.17 0.22 0.08 0.09 0.10 0.09 
276 200 0.12 0.13 0.23 0.24 0.07 0.10 0.11 0.11 
343 210 — — 0.19 0.19 0.12 0.14 0.12 0.13 
353 001 0.12 0.11 0.14 0.14 0.08 0.12 0.10 0.14 
380 101 0.13 0.12 0.19 0.19 0.10 0.12 0.15 0.15 
406 020 0.17 0.20 --- —- 0.12 0.14 —_ — 
448 210 — — 0.20 0.20 0.14 0.14 — — 
553 400 0.12 0.10 0.20 0.20 0.15 0.15 0.17 0.17 
706 00 2 0.10 0.07 _- - 0.14 0.14 0.06 0.10 
759 202 —- —- 0.16 0.19 0.11 0.13 _— _ 
897 402 0.13 0.14 0.15 0.14 0.13 0.12 0.19 0.20 
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Since the theory! which is to be tested gives a 
relationship between the normal acoustic im- 
pedance of a material and the damping coeffi- 
cients for the normal modes in a room containing 
the material on one wall, it is necessary to corre- 
late the measurements of damping coefficients 
with those of impedance by using the theory, 
and see whether the two check satisfactorily. 
This can be done by converting the measure- 
ments of impedance into values of damping 
coefficients by using the theory, checking these 
against the measured values of the coefficients 
for the different normal modes. However the 
acoustic impedance of the material was not 
measured for every frequency of each normal 
mode, and what measurements were made 
“scatter’’ rather widely at low frequencies; so 
that an ‘‘averaged out’’ curve would have to be 
drawn, from which the individual values of 
damping coefficients could be computed. 

It would seem better, if possible, to reverse 
this procedure; using the theory to convert the 
measured damping coefficients into impedances, 
and to compare these with the measured im- 
pedances. This would be the preferable procedure 
because impedances are then compared, and 
impedances are a simpler and more fundamental 
property than damping coefficients. Unfortu- 
nately the process is not so straightforward as 
the reverse one; for, by the theory, it is im- 
possible to determine uniquely the impedance 
magnitude and phase from a single damping 
coefficient measured for a single normal mode. 
What can be done, however, is to determine the 
most probable value of impedance and phase 
from the values of damping coefficients for 
several different normal modes having nearly the 
same frequency. For instance, one of two modes 
may be “grazing’’ the absorbing wall and the 
other may not: the ratio between the damping 
coefficients will then indicate the phase angle. 
Also measurements of damping for the same 
mode, changing the position of the absorbing 
material from one wall to the other, will often 
enable one to calculate both impedance magni- 
tude and phase. 

Values of probable impedance were computed 
in this way from the data on damping coefficients. 
These values were then averaged into a pair of 
smooth curves of impedance magnitude and 
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Fic. 2. Probable values of the magnitude y (solid curve) 
and the phase angle ¢ (dotted curve) of the impedance of 
absorbing materials as function of frequency. Circles and 
crosses give values for y and ¢, respectively, as obtained 
from ‘‘standing wave’’ measurements in a tube. 


phase, which are given in Fig. 2 by the solid and 
dotted curves, respectively. These curves give 
the most probable values of impedance, obtained 
by use of the theory, from the room measure- 
ments. They are to be compared with the directly 
measured values (circles for magnitude and 
crosses for phase) obtained by the tube measure- 
ments. The check is well within the experimental 
board, and 


constitutes a fairly convincing proof of the 


error for the case of Celotex tile 
validity of the theory. 

The magnitude of the impedance for the wool- 
felt checks reasonably well, but the phase angles 
do not check. It is possible that this discrepancy 
may be an experimental difficulty, however, 
due to the fact that the wool-felt was mounted in 
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a different manner for the two measurements. 
In the chamber (dotted line) the felt was hung 
loosely or laid loosely on the floor; but in the 
tube for impedance measurement (crosses) the 
felt had to be clamped down to the end of the 
tube. From this one would expect the impedance 
in the chamber to come out more nearly reactive 
than that in the tube; as indeed it is. 

Once the impedance of the walls is known, the 
theory indicates that the damping coefficients 
are uniquely determined. Therefore, in order to 
check the individual measurements of damping 
coefficients, values of these quantities were com- 
puted back from the “averaged out’’ impedance 
curves given in Fig. 2. These are given in the 
columns marked “Calc. values’ in Table II. 
The detailed check of the adjacent column not 
only shows the internal consistency of both 
theory and experimental results: it also indicates 
in a striking manner how a relatively smooth 
dependence of wall impedance on frequency gives 
rise to a very complicated and seemingly hap- 
hazard dependence of damping coefficient on 
frequency. 

We note the difference in the behavior between 
grazing and normal incidence modes. The (010) 
mode is normally incident on the /,/, walls and 
grazing the /,/, walls. For the tile board theory 
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predicts a large difference between the results for 
the material in the two different positions, and 
the measurements show this. This is also true of 
the (4, 0,0) mode, which is normally incident 
on the /,/, walls and grazes the /,/, walls. 

A further prediction of the theory was tested: 
that the pressure amplitude is usually greater 
near the absorbing wall than it is elsewhere in the 
chamber. This has been found to be true for 
several modes, particularly those for which there 
are no nodal planes parallel to the absorbing 
surface. Only the lower frequencies could be 
explored in this manner, however, due to the size 
of the microphone compared to wave-length, 
and the overlapping of resonance peaks, at the 
higher frequencies. 

While the results of the present investigation 
leave much to be desired in the matters of ac- 
curacy and completeness, it is nevertheless con- 
sidered that the validity of the theory! has been 
fairly completely demonstrated. 

The author takes pleasure in expressing his 
grateful thanks to Professor Philip M. Morse for 
suggesting the problem and for his interest 
throughout its progress. He is also indebted to 
the Department of Electrical Engineering of the 
Massachusetts Institute of Technology where the 
experimental work was carried out. 
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Normal Modes of Vibration in Room Acoustics: Angular Distribution Theory* 


RicHarp H. Bot 
University of California at Los Angeles, California 


(Received June 5, 1939) 


INTRODUCTION. THE RELATION OF ANGULAR 
DISTRIBUTION TO Room ACOUSTICS 


HE angular distribution of normal modes is 

of interest in room acoustics, particularly in 

the light of recent approaches to the subject. 
From a theoretical point of view, the analyses of 
room acoustics may be divided into two general 
categories: (1) geometrical, and (2) wave theory. 


Geometrical room acoustics 


The geometrical approach invokes asymptotic, 
statistical relations and yields the familiar re- 
verberation theory.'!~* The reverberation formu- 
las involve, in one form or another, an ‘‘average 
absorption coefficient,’’ the precise meaning of 
which is now under scrutiny in the present 
symposium papers. In the simple Sabine formula, 
the average coefficient is that quantity which, 
when placed in the formula, yields the observed 
value of reverberation time, provided certain 
assumptions (diffuse, uniform, random distribu- 
tion of sound energy) are satisfied experimentally. 
If the walls are covered with materials of differ- 
ent values of absorption, an @ is obtained by a 
simple averaging in which the absorption of each 
sample is weighted according to its area. 

But an additional kind of averaging is con- 
tained implicitly in the reverberation formulas. 
Sound is considered to strike a given area of 
material from all directions in space, and the 


* This paper, which is the second of three papers relating 
to normal modes of vibration in room acoustics, was pre- 
sented at the Tenth Anniversary Meeting of the Acoustical 
Society of America, New York, May 15. The first 
paper appeared under the title: ‘‘Frequency Distribution 
of Eigentones in a Three-Dimensional Continuum,”’ J. 
Acous. Soc. Am. 10, 228 (1939). The third paper, dealing 
with experimental studies in nonrectangular enclosures, is 
planned for a subsequent issue. These papers report the 
research work offered by the author in partial satisfaction 
of the requirements for the degree of Doctor of Philosophy 
in Physics, conferred by the University of California. 

1W. C. Sabine, Collected Papers on Acoustics (Harvard 
University Press, 1922). 

2 A. Jaeger, Sitz. Akad. Will. Wien. 11a, 120, 613 (1911). 

$C. F. Eyring, J. Acous. Soc. Am. 1, 217 (1930). 

*G. Millington, J. Acous. Soc. Am. 4, 69 (1932). 


familiar integration involving ‘‘sin 6 d@”’ is essen. 
tially a process of averaging with respect to angle, 

It has been shown by Morse® and others that 
the absorption coefficient depends on the angle of 
incidence of sound. For certain simple conditions 
and with plane progressive waves the dependence 
is given by the equation: 


Zo COS O— poc}* 
oe 
Zo COS 8+ poc 


and this equation has received experimental veri- 
fication.*-* Various ways of incorporating Eq. 
(1), together with an angular distribution law, 
into a definition of average absorption coefficient 
have been suggested.®: * Up to the present, all of 
these attempts have had as their goal the calcula- 
tion of a value of & which satisfies the reverbera- 
tion formulas. It is thus seen that the geometrical 
approach to room acoustics involves angular 
distribution. 


Wave theory room acoustics 


The wave theory approach to room acoustics 
considers individual normal modes of vibration 
of the bounded volume of air in the room. The 
need for an attack of this nature has become in- 
creasingly evident as a result of numerous in- 
vestigations.!°"'"5 The inadequacy of the ap- 
proximate, geometrical theory has also been ap- 
parent through the often recognized failure of 
the simple reverberation formulas to yield con- 
sistent absorption coefficients (especially at low 
frequencies) in different reverberation chambers, 
and by its inaccuracy in predicting the acoustical 
behavior of small rooms, particularly with non- 


5 P.M. Morse, Vibration and Sound (1932), p. 304. 

6H. Cremer, E. N. T. 10, 242 (1933). 

7F. V. Hunt, J. Acous. Soc. Am. 10, 216 (1939). 

8F. J. Willig, J. Acous. Soc. Am. 10, 257 (1939). 

9F. J. Willig, J. Acous. Soc. Am. 10, 293 (1939). 

10V. O. Knudsen, J. Acous. Soc. Am. 4, 20 (1932). 

11 E, C. Wente, J. Acous. Soc. Am. 7, 123 (1935). 

12 K, Schuster and E. Waetzmann, Ann. d. Physik 1, 671 
(1929). 

13M. J. O. Strutt, Phil. Mag. 8, 236 (1929). 
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Il of uniform placement of absorptive materials. The 
wy wave approach was given great impetus by the 
nme appearance of Morse’s Vibration and Sound, and 
eal has been contributed to by several recent in- 
deo vestigations,” 8, ae and by papers appearing 
; concurrently in this issue of the Journal. 
These new methods of analysis appear to be 
leading away from the concept of a unique value 
“sn of @ in the simple Sabine sense. While the com- 
a plete formulation of an exact theory has not yet 
pin been attained, there are indications that the ulti- 
ait mate form may involve a group of decay equa- 
aie tions in place of the single reverberation formula 
7 now used. The sound energy in a room must be 
a divided into components or groups of compo- 
e of nents. As emphasized by Hunt," a suitable basis 
atin for this division has been offered recently by the 
nm analysis of normal modes of vibration in a room. 
wn Present trends also indicate that a logical method 
tical of grouping is in terms of angle-groups, since all 
all of the normal modes lying within a given range of 
angles possess certain similarities. It is probable, 
then, that the wave theory approach to room 
acoustics will have to consider the angular distri- 
bution of normal modes. 
“P.M. Morse and P. Rubenstein, Phys. Rev. 54, 895 
671 (1938). 


®R.H. Bolt, J. Acous. Soc. Am. 10, 228 (1939). 
7 D. Y. Maa, J. Acous. Soc. Am. 10, 235 (1939). 
“F,V. Hunt, J. Acous. Soc. 11, 38 (1939). 
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PREVIOUS ANALYSES OF ANGULAR DISTRIBUTION 


The asymptotic angular distribution law is 
familiar in connection with kinetic theory deriva- 
tions, and in other branches of physics, and is 
expressed for acoustics in the form: 


4nV 





dNg= v® sin 6d6 (2) 


3c3 


in which dNg gives the number of modes be- 
tween @ and @+d8, V is the volume of the room, 
c is the velocity of sound, and » is the frequency 
up to which all modes are considered. Differen- 
tiating with respect tov givesthe number of modes 
in the range from v to v+dy, but the angular 
distribution remains the same. Eq. (2) is derived 
on the assumptions of completely diffuse sound 
and equal probability of propagation in all direc- 
tions in space. The picture is essentially geomet- 
rical : it corresponds to the simple Sabine-Jaeger 
reverberation theory, which is known to be satis- 
factory asymptotically at high frequencies, pro- 
vided absorption in the air be neglected. 

A modified angular distribution equation was 
presented by Maa!® and may be written in the 
form: 

4nV Sy? 1 
dNo/dé=——v* sin 0+ —;sin@——, (3) 


3c3 C 2 





where S’=L,L,+L-L., and @ is the angle with 
the normal to the L,L. plane of the room. Eq. 
(3) takes cognizance of the low frequency dis- 
crepancy reported by the author,'® and should 
therefore be superior to Eq. (2) in the low fre- 
quency range. Eq. (3) does not, however, give 
explicit expression to the major discontinuities 
which occur at 0° and 90° at low frequencies (see 
Fig. 2). The equation developed in the present 
paper incorporates these discontinuities, and thus 
constitutes an additional refinement in angular 
distribution theory. 


THE DERIVATION OF A MODIFIED ANGULAR 
DISTRIBUTION EQUATION 


A rigorious derivation of angular distribution 
can be based on the concept of frequency space.’® 
The spatial direction of a normal mode is the 
same as the vector direction of the corresponding 
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characteristic point in frequency space, for the 
direction cosines of a normal mode are given by: 
vz/v, vy/v, v-/v. It must be stressed, however, that 
the present analysis is strictly true only in the 
case of a room bounded by perfectly reflecting 
walls, and the resulting angular distribution 
equation must be used with this restriction in 
mind. In actual cases, the presence of absorption 
alters the shape of the wave, and the expression 
“direction of vibration”’ may lose its unique sig- 
nificance. For fairly uniform distribution of ab- 
sorptive material, and for small values of a, the 
simple analysis of angular distribution will be 
approximately applicable. 

Figure 1 shows a portion of frequency space. 
The absorbing material will be considered to 
cover a Y—Z wall of the room, corresponding to 
the v,-v, plane in frequency space. The direction 
angle @ will then be measured from the vr; axis, 
which corresponds to measuring angles from the 
normal to the Y—Z plane in the room. All of the 
modes up to a given frequency max are contained 
within the positive octant of a sphere of radius 
Vmax, indicated in Fig. 1 by the (circular) traces on 
the three coordinate planes. The solid-line 
stepped curve in Fig. 2 shows an actual angular 


ANGULAR DISTRIBUTION 
OF NORMAL MODES 
IN A CUBE: {’x [«t’ 
UP TO 3000 C.P.S. 


N,(1- cos 6) 
N,(I ~ COS 6) 
CALCULATED 


N,= 79 
N,7 117 
N.* 114 


& 
Ny +f £(@) do +Nyo 
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distribution calculated for a one-foot cube, using 
the equations: 


6=cos~! (v,/r). (4) 


r= L(e/ Le)? + (ty/La)*+ (/ La}, 


vz=M6/2Lz. Me, Ny, Mz=0, 1, 2, +. 


An examination of Fig. 2 reveals that the angu. 
lar distribution may be divided conveniently into 
three parts, and a detailed comparison with Fig, 
1 shows clearly the origin of each part. 

Part 1: 6=0°. No represents the number of 
modes which are ‘“‘normal” to the Y—Z plane. 

Part 2: 0=6, to 0=6. Between these two 
angles there is a fairly continuous distribution 
which can be fitted (empirically) to a smooth 
curve. f(@) represents the smooth function so 
defined. 

Part 3: 6=90°. Noo designates the number of 
modes which are at “grazing’’ incidence. 

The general form of the angular distribution 
is a discontinuous function which may be ex- 
pressed by the set of equations: 


6=0°: N(0)=No 


6 
A 


62 


N(0)=Not+ | f(0)d0+ Noo (6) 


“6; 


6=90°: 


Evaluation of part 1:—In Fig. 1, No is the 
number of points lying along the v, axis, within 
the spherical octant. Since v,=n,c/2L,, the de- 
sired number is: 


No=2L,v/c. (a) 


Evaluation of part 2:—The angles @; and 4. are 
obtained from a geometrical consideration of 
Fig. 1. It must be emphasized, however, that the 
evaluation of the terms in Eq. (6) is only of an 
approximate, empirical nature, for we are at- 
tempting to fit a stepped function which does not 
vary in a regular manner. 6; is approximately as 
indicated in Fig. 1, though the same value of 4 
would have to suffice for a small range of Ym 
values, between n,=4 and n,=5. Furthermore, 
6; varies from sin (c/2L,v) in the v,—v, plane 
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to sin! (¢/2Z.v) in the »v,—v, plane. For rooms 
in which L, and L, do not differ too greatly from 
each other it will be a satisfactory approximation 


to use : 
6,=sin— [c/(Ly+L,)r]. (b) 


The angle # as drawn in Fig. 1 is simply 
cos~! (c/2L,v). A closer examination reveals that 
this value for the upper integration limit is not 
quite right. The total value of Eq. (6), including 
the integrated value of the middle term, must 
equal the total correct number of points up to 
Ymax» 1n Other words, the integration must cover 
all of v-space not accounted for in No and Noo. 
Associated with the Noo points, in the »,—», 
plane, is a volume extending a width ¢/4L, into 
the positive octant. A calculation in solid geom- 
etry indicates that this volume is not equal to the 
volume of the sector-shaped slab between 62 and 
90° in Fig. 1, but the desired equality is attained 
by taking: 

6.=cos (c/3Lzv). (c) 


A similar correction should have been applied to 
6, but the difference is negligible in that case. 

The ‘“‘continuous”’ part of Eq. (6) is made up of 
two contributions: a “volume” term and a 
“surface’’ term. The volume term is the same as 
the asymptotic distribution given in Eq. (2), 
except that here it is considered only from 6; to 4». 
The volume term is evaluated by considering a 
differential conical volume element: 


r 2xrsin 6 
dV=- —rd@ 
3 





T 4nV ? 
_ —yr3 sin dé = ——— y3 sin 6dé. (d) 
6 3c* 


(see references 15 and 16 for details.) 

The surface term is represented in Fig. 1 by 
the points in a differential triangular surface 
element on the v,—v, and the v,—v, planes, be- 
tween 6, and @2: 


(L,Ly+L-L:) 
dS = v>dé. 


ce 





(e) 


However, only one-half of this surface contribu- 
tion is counted, since the other half is included in 
the volume part." 

Evaluation of part 3 :—Noo is represented in Fig. 
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1 by the points in the v,—v, plane. In this case, 
all of the points must be counted, since all of the 
corresponding modes appear simultaneously at 
§=90° in Fig. 2. 62 has been chosen in such a way 
that the integration of the ‘‘continuous” part 
does not encroach on the Noo-points. However, it 
is necessary to add one-half of the points on the 
v, and the v, axes, as only half of these are 
counted in the v,—v, area. 


wLyL.v® (Ly+L.)» 
=——_-— + —__—_., 


90™ 


(f) 


C c 


Complete equation:—The values given by 
Eqs. (a) to (f) are inserted into Eq. (6), resulting 
in the final form: 


2L.v 
wo 











c 
ae V Ldlieta 
+f y® sin ed i 
@, - Se" ¢ 
tL,L. (Ly+L:) 
+|[ =] . 7 
¢ c 90 


where: 


c c 
6,=sin— | —| #.=cos-'| | 
(Ly+L:)» 3L.v 


A graphical confirmation of Eq. (7) is shown 
in Fig. 2, plotted for a one-foot cube, with 
Vmax = 3000 c.p.s. Substantially similar agreement 
was found in plots for other cases. In Fig. 2 the 
calculated angular distribution is shown by 
curve C (see Eqs. (4) and (5)), the asymptotic 
Eq. (2) is plotted in curve A, and the plot of 
Eq. (7) is curve D. The total correct number of 
modes at 90° is N,=114, while the total value 
from Eq. (7) is about 117, which is satisfactory 
agreement, and corresponds to the value given 
by the modified frequency distribution equa- 
tions.'> '§ Curve B in Fig. 2 results from applying 
the asymptotic angular distribution to the modi- 
fied frequency distribution; the total count is 
satisfactory, but the curve does not follow curve 
C throughout the entire range. Also a plot of 
Eq. (3) would not fit curve C precisely. Curve D 
is seen to follow the calculated angular distribu- 
tion curve C closely, thereby providing confirma- 
tion of Eq. (7) derived in this paper. 
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THE APPLICATION OF THE MODIFIED ANGULAR 
DISTRIBUTION EQUATION TO THE CALCULA- 
TION OF AVERAGE ABSORPTION 
COEFFICIENT 


Even though the concept of a unique value of 
average absorption coefficient may, ultimately, 
be superceded by the results of the current wave 
theory approach to room acoustics, it is of inter- 
est to apply the modified angular distribution to 
the present methods of calculating &, particu- 
larly to point out the magnitude of the correction 
introduced. We will follow the method of Morse ;> 
the average absorption coefficient & is defined in 
terms of the average impedance 2Z, which is the 
average of the quantity ‘zo cos 6”’ over all angles 
of incidence, and 2» is the acoustic impedance for 
a wave at normal incidence to the material. The 
resulting value of Z is related to & and to the 
normal absorption coefficient ap by the expres- 
sion : 








wi 
tanh In ( )| 
1—ap 


where : k= (2/29) incorporates the angular distri- 
bution, and approaches the value 3} asymp- 
totically. 

The modified angular distribution Eq. (7) is 
now applied to the calculation of Z by the usual 
method of defining an average quantity: 





_ 229 cos 6N(6) 
z=—— — 
>N(8) 
62 
zyNot+ Z9 COS 6f(@)da+-0 


J 6) 





N 








* The last term in the numerator is zero according to 
the simple theory; as implied by Eq. (1), the effective 
impedance of modes at grazing incidence is 2 cos 90°=0, 
and therefore a=0 at 90°. Experimentally, reference 7, it 
has been shown that, in reality, modes of vibration which 
impinge on an absorbing wall at ‘“‘grazing’’ incidence are 
absorbed, and this result is interpreted theoretically as 
indicating a distortion of the wave front due to the presence 
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VARIATION OF ACOUSTIC IMPEDANCE RATIO (¢) 
WITH FREQUENCY, FOR DIFFERENT POSITIONS 
OF ABSORBING MATERIAL IN A ROOM 30°: 15:10’. 
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where N is the total number of modes up to Ppax, 
and for which it is convenient to use Maa’s 
form.'® 

Equation (9) may be solved explicitly for 
(Z/z9) by expanding the numerator and denom- 
inator in powers of v and combining terms by 
multiplication. The resulting series expansion is: 


(2/20) =3+Ki/v+K2/v?+K3/v3+--+, (10) 


where: 


3¢ S 
Ki=—| 1,42, os 
4nrV & 














7 
3c? (3STrS 
K:= {=| —1.0,+2)| 
167Vl4VL 2 
8rVr 1 9 
_ +— |+3t-—t.-2, etc. 
27 LL2 (L,+L,)* 


L,, L,, Lz are the dimensions of the rectangular 
room, and Sis the total wall area of the room; the 
material covers either one or both of the L,—L, 
walls of the room (diffraction effects are not 
included). The coefficients K,, Ko, etc. are seen 
to involve room geometry and placement of 
material. 

Figure 3 plots Eq. (10) for different positions of 


of the absorbing material. The simple calculation given in 
Eqs. (9) and (10) ignores “‘grazing’’ absorption. In fact, 
the averaging method employed here appears to break 
down when we attempt to incorporate absorption for the 
N-o modes, but an explanation of the difficulty is beyond 
the scope of the present paper. 
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absorbing material in a room 30X15 X10 feet. 
The first two correction terms are sufficient above 
about 150 c.p.s., and only the first correction 
term need be retained above 500 c.p.s. in this 
particular case. Eq. (10) and Fig. 3 both show 
that the modified calculation of (2/29) approaches 
the value } asymptotically ; but the deviation is of 
sufficient magnitude, over a considerable portion 
of the lower acoustical range, to be significant in 
accurate analyses of room acoustics. 

Figure 4 interprets the calculations of Fig. 3 
in terms of absorption coefficients, by the use of 
Eq. (8). Choosing the values (2/29)=0.50, 
0.45 and 0.40 (as observed at 150 c.p.s. in Fig. 3, 
for example) leads to curves A, B and C, re- 
spectively, of Fig. 4. Consider a material having 
aj=0.30, placed successively on the three walls 
of a 30X15 X10-feet room: the material would 


& =f(«,.) FOR DIFFERENT 


VALUES OF (2/2z.), BY 
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A: (2/2.)* .50 ue: 


CBA Pl 
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exhibit effective average values of &=0.50, 0.54 
and 0.58. For comparison, an alternative method 
of defining @ is indicated in Fig. 4. This method is 
discussed by Willig.® 

In the one case studied in Figs. 3 and 4, the 
deviations introduced by the modified angular 
distribution are as much as 10 or 15 percent, and 
this is the order of magnitude of the variations in 
absorption coefficient measurements reported by 
different laboratories. It is probable that we have 
here one aspect of the causes underlying the 
“position effect’? and the annoying inconsisten- 
cies which have led us to seek more powerful 
mathematical tools for the investigation of room 
acoustics. 

The modified angular distribution theory as 
expressed in Eq. (7) is readily applicable to the 
wave theory analyses now being developed. The 
number of normal modes contained in each 
group-in-angle can be computed directly : No and 
Noo give the number in the normal incidence and 
the grazing incidence groups, while the number 
in any other group is obtained by inserting appro- 
priate limits of integration in the second term of 
Eq. (7) and performing the integration. This ap- 
pears to be a step towards the establishment of 
proper weighting factors for each group of normal 
modes, which is one of the remaining tasks in 
the synthesis of an adequate theory of room 
acoustics. 
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Analysis of Sound Decay in Rectangular Rooms* 


F. V. Hunt, L. L. BERANEK AND D. Y. MAA 
Cruft Laboratory, Harvard University, Cambridge, Massachusetts 


(Received June 21, 1939) 


Sound decay in a rectangular room, each wall of which 
is uniform, is analyzed in terms of the damping of normal 
modes of aerial vibration, as influenced by the acoustical 
impedance of the boundary surfaces. From two to seven 
decay terms may be’required in the complete decay equa- 
tion under different circumstances, each term representing 
a group of the excited modes of vibration having common 
properties. The analysis is given in terms of r.m.s. pressure 
measured for specified locations of source and receiver and 


includes explicitly the relative dimensions of the room, 
The results of the mathematical analysis are presented in 
form to allow determination of the complex wall impedance 
from consideration of the initial and final slopes of the 
sound decay curve, and conversely. Experimental decay 
curves confirm both the detailed predictions of the theory 
and the sufficiency of the wall impedance as a unique 
characterization of the influence of the wall on the behavior 
of sound in the room. 





INTRODUCTION 


HIS paper presents a new analysis of re- 

verberation which enables the complete 
decay curve to be precalculated from a knowledge 
of the room dimensions and a single invariant 
property of the wall surfaces. The theory is at 
present restricted, by lack of an applicable dif- 
fraction analysis, to the case in which each of 
the six bounding surfaces is uniform. The theory 
is also restricted to consider only rectangular 
rooms, although its extension to other simple 
shapes is straightforward. To a considerable de- 
gree the theory represents the implementation of 
the procedure described in a discussion of the 
general problem in a previous paper! and in the 
introductory remarks for this symposium. Briefly 
stated, the root-mean-square sound pressure at 
the measuring microphone is, at every instant 
during decay, considered as the summation of 
the contributions from each excited normal mode 
of vibration. In order to clarify the logical basis 
for the complete solution, we may recognize four 
subsidiary problems which can be discussed 
independently. These are: 


I. Subdivision of the large number of excited 
modes of vibration into a manageable number of 
subgroups having common properties; 

II. Computation of the number of modes of 
vibration in each subgroup; 

III. Calculation of the weighting factor by 


* Presented at the Tenth Anniversary Meeting of the 
Acoustical Society of America, held in New York, May 
15, 1939. 

1F, V. Hunt, J. Acous. Soc. Am. 10, 216 (1939). 


which each mode of vibration enters into the 
final summation; 

IV. Analysis of the decay rate for each mode 
of vibration in a subgroup in terms of some 
invariant property of the wall surfaces and the 
room geometry. 


After consideration of these problems the 
complete decay equation can be assembled. It 
will contain one decay term for each subgroup 
(from I) and each term will contain the number 
of modes of vibration (from II), weighting factors 
(from III), and an exponential decay factor 


(from IV). 


I. SUBDIVISION OF EXCITED MODES 
OF VIBRATION 


Subdivision of the excited modes of vibration 
into groups is, basically, an analysis of the state 
of diffusion of sound energy in the room. Such 
an analysis can be made conveniently by utilizing 
the concept of frequency space,? an example of 
which is shown in Fig. 1. This diagram® repre- 
sents the positive octant of a space lattice whose 
intersection points represent the normal fre- 
quencies of our reverberation chamber.‘ The 
length of a line joining the origin and any one of 
the lattice intersection points is equal to one of 
the normal or “proper” frequencies of the 


2P. M. Morse, Vibrations and Sound (McGraw-Hill, 
New York, 1936), Chapter VIII. 

* We are indebted to Mr. J. A. Pierce for preparing this 
drawing. 

4 This is the ‘constant temperature room”’ referred to in 
the Collected Papers of W. C. Sabine. The shape of the 
enclosure has recently been altered to that of a rectangular 
parallelepiped (20’X14’X8’) by closing off the vaulted 
ceiling with a 6” concrete slab. 
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Fic. 1. Normal frequency diagram, drawn to scale for 20’X14’X8’ reverberation chamber. Most of the vertical lines 
are omitted to avoid confusion. 


chamber; the angles which this line makes with 
the three principal axes are the angles between 
the three adjacent walls of the chamber and the 
direction of propagation of the plane waves 
constituting the standing wave, or normal mode 
of vibration, in question. Inasmuch as every 
condition of excitation of the chamber can be 
synthesized by combining the normal modes of 
vibration in proper amplitude and phase, it 
follows that the normal frequency diagram is 
sufficient for a complete study of sound diffusion 
in enclosed spaces. In passing, it may be re- 
marked that the use of nonparallel or irregular 
boundaries does not impair the validity of the 
preceding statement, the principal effect of the 


irregularity being a distortion of the simple 
distribution of normal frequency points. 

When a sound source having components at 
all frequencies within a certain band is placed in 
the chamber, it will excite all of those modes of 
vibration characterized by points in frequency 
space lying between two spherical shells having 
radii corresponding to the frequency band limits. 
This is illustrated in Fig. 1. It is immediately 
apparent that we do not have the uniform dis- 
tribution-in-angle assumed in the classical theory. 
There is, instead, a step-wise distribution, some 
angles of incidence not being represented at all. 
For a given mid-band frequency the angular 
distribution becomes more uniform as the excit- 
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ing band-width is increased, but there is always 
a discontinuity at zero and near ninety degrees. 
The operation of dividing the large number of 
excited modes into a few groups implies the 
assumption that the members of the groups so 
formed will have common properties. The va- 
lidity of this assumption will be established by 
subsequent computation of the decay constants 
for individual modes of vibration. We anticipate 
these results in proposing the following typical 
cases of appropriate subdivision. Two general 
distributions of absorbing material are con- 
sidered, the first of which is designated as: 


Case A. High absorption at one wall, low ab- 
sorption at remaining walls 


For the simplest treatment of this case the 
excited modes can be divided into two groups. 
One group contains the modes of vibration com- 
prising waves at grazing incidence on the ab- 
sorbing wall, while the other group includes all 
the modes of vibration at nongrazing incidence. 
Fig. 1 is directly applicable if the absorbing 
material is placed on the wall perpendicular to 
the vertical axis of the drawing, corresponding to 
floor or ceiling coverage in our chamber. The 
first group then comprises the normal frequency 
points lying on the lowest (zero order) annular 
layer, and the other group contains all the rest. 
If one wall is very highly absorbing it may be 
desirable to use three groups, the first comprising 
the modes of vibration at grazing incidence as 
before, the second comprising the modes of 
vibration represented by points lying on the 
second annular layer (first-order modes having 
one nodal surface parallel to the highly absorbing 
wall) and the third including all the remaining 
modes of vibration. A slight further improvement 
in accuracy may be made by separating out from 
the zero layer the two small groups representing 
wave directions grazing at both the highly ab- 
sorbing wall and one of the others. This makes 
a total of five groups which are, in order of 


5 Throughout this paper the term “grazing incidence” 
will be used to refer to the modes of vibration characterized 
by normal frequency points lying in the lowest layer of the 
normal frequency diagram, even though the diagram may 
be so distorted by boundary absorption (see below) that 
the “grazing angle’’ is significantly greater than zero 
degrees. 
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increasing importance, the two representing 
grazing incidence on two wall pairs, one repre- 
senting nearly grazing incidence on the sample, 
one representing grazing incidence on the sample, 
and the dominant group representing nongrazing 
incidence on the sample. Further subdivision 
could be made if necessary but the added com- 
plexity is seldom justified, and for most practical 
purposes the last two groups named are sufficient. 


Case B. Similar absorption on all walls 


The most common example of the acoustical 
situation in which all walls have comparable 
absorption is the untreated room or bare re- 
verberation chamber, although some broadcast- 
ing studios and “‘dead”’ rooms are also typical. 
If the absorption is moderately low only four 
subgroups of the excited modes will need to be 
formed. Referring again to Fig. 1, three groups 
will contain the normal frequency points lying 
on the coordinate planes and representing grazing 
incidence on the three walls, respectively. The 
fourth group will contain the remaining points 
representing nongrazing incidence on all walls. 
An improvement in accuracy can be made by 
forming three additional groups containing the 
points on the coordinate axes representing the 
waves which are at grazing incidence on two 
walls. If the absorption is very high, or if still 
further improvement in accuracy is required, 
three more groups may be formed to include the 
first-order points lying on planes parallel to the 
coordinate planes and representing nearly grazing 
incidence on the three walls. Divisions into four 
or ten groups for this case correspond in ap- 
proximation to the use of two or five groups, 
respectively, for Case A, the added complexity 
arising from the more complicated distribution of 
absorbing material. 


II. COMPUTATION OF THE NUMBER OF MODES 
OF VIBRATION IN EACH GROUP 


In computing the number of modes of vibra- 
tion in each group we follow the same procedure 
outlined in a previous paper.* Thus for Case A 
considered above we may write, for the number 


6D. Y. Maa, J. Acous. Soc. Am. 10, 235 (1939). 
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of normal frequency points on the zero order 
annular layer, 


No, =2nfAfl,l./C 
— (ly +1.) Af/c+2l,Af/c+21.Af/c, (A) 


in which ¢ is the velocity of sound, /,, /,, and /, 
are the three dimensions of the chamber cor- 
responding to the 8’, 14’, and 20’ axes, respec- 
tively, in Fig. 1, f is the mid-band frequency, and 
Af is the band width of the exciting sound. The 
second, third, and fourth terms of (1) may be 
combined but, as written, the second term cor- 
rects the first term to make the sum of the first 
two yield the correct count of the number of 
normal frequency points lying on the ground 
plane exclusive of those on the coordinate axes. 
The last two terms add the points lying on the 
axes, or, for the five-group division, they count 
the two minor groups representing the modes 
whose wave directions are grazing at both the 
absorbing wall and one other wall. 

The normal frequency count for the first 
annular layer above the y, z plane is given by 


L,+1, c\?y73 
Nig=2efaftda/e'+——taj] #—-(—) « & 
c z 


More generally, we may include (1) and (2) 
in the following expression : 


y+, nc\*74 
Nae= 2efafiye/e+-— fof] >—(“) | ’ (3) 
c x 


where n, is the ordinal number designating the 
annular layer for which Nn, is computed. n, may 
also be identified as one of the three numbers 
(n:, Ny, N-) Which designate a particular mode of 
vibration and which count, for the stationary 
wave system, the number of nodal surfaces per- 
pendicular to the x, y, and z axes, respectively. 
The population of the group of modes whose 
wave directions are neither grazing nor ‘“‘nearly 
grazing” at the absorbing wall may be computed 
by summing Eq. (3) from n,=2 to its maximum 
value, given by the first integer less than 
(2f+Af)l./c. If the band width Af is equal to or 
greater than the frequency space unit c/2/, the 
number N,,,,, for the top layer will not be given 
correctly by (3), but must be determined by a 
separate computation (see, for example, N; of 
Fig. 1). 
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In considering Case B the preceding equations 
can be used with slight modifications. Thus the 
population of the three grazing incidence groups 
for the four-group division may be counted by 
modifying Eq. (1) to 


No=2nfAflyl./c— (1, —1,)Af/c (4) 


and advancing the subscripts x, y, z cyclically to 
generate the three equations. In this expression 
the normal frequency points lying on the z axis 
are counted as on the 2, y plane, those on the x 
axis as on the x, z plane, and those on the y axis 
as on the y, x plane. In the more accurate seven- 
group division the points lying on the axes are 
counted in three separate expressions formed by 
cyclic advance of the subscripts in 


Nozy=21,Af/c. (5) 


When this is used the sign before /, in the second 
term of (4) should be reversed, in order to exclude 
the points counted by (5), and the modified 
equation designated as (4a) for reference. The 
population of the remaining nongrazing group 
of either the four- or seven-group division is 
determined, as before, by the summation of Eq. 
(3), except that the lower limit of n, is to be taken 
as 1 and the algebraic sign of the second term is 
to be reversed to exclude the points already 
counted in (4) and (5). Alternatively, the total 
count for the nongrazing group may be com- 
puted directly from the expression 


4nr VfPA Sc Le? 
N,z=——_| 1-- + | (6) 
c 8Vf 8&xrVf? 








where V is the volume, S is the total area, and L 
is the sum of the lengths of the three sides of 
the chamber. 

In general, the ratio of the number of modes of 
vibration at grazing incidence to the number of 
modes of vibration not at grazing incidence in- 
creases almost linearly with the ratio of the wave- 
length to the smallest dimension of the room. 
It follows that, in ordinary rooms, the relative 
number of modes which involve grazing incidence 
will be small in the middle frequency range. 
However, the importance of these is enhanced 
by the fact that they usually decay in amplitude 
slowly and ultimately dominate in the residual 
sound. For example, in a room or office having 
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Fic. 2. Experimental confirmation of the predicted 
differences between two sound decay curves measured 
under different conditions of microphone placement. 


a 9’ ceiling, all stationary wave systems for 
frequencies below 125 cycles represent grazing 
incidence on the ceiling, and the relative number 
of such grazing modes of vibration is significant 
throughout the middle audiofrequency range. 


III. WEIGHTING FACTORS 


The weighting factor applying to each mode of 
vibration is determined by consideration of the 
type of electrical summation provided by the 
measuring apparatus, the location of the measur- 
ing microphone in the enclosure, and the steady- 
state pressure amplitude to which each mode of 
vibration is excited. We assume that our measur- 
ing apparatus is responsive to the sum of the 
squares of the amplitudes of all pressure com- 
ponents observable at the microphone. This 
assumption makes it possible to ignore the dis- 
tribution of time phase among the various com- 
ponents and can be satisfactorily approximated 
in practice by using a diode rectifier at ‘‘small- 
signal’ levels. It has been shown!:? that the 
steady-state pressure amplitude at a point x, y, z 
arising from excitation by a point source of 
angular frequency w located at xo, Yo, 20 is 
given by 


WOnWn(x, y; Z)Wn(Xo, Yo» Zo) 
Donker +j(w?—wn?+hn?) | 





P=constant 
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in which w, is 27 times the normal frequency of 
the mth mode of vibration. If we assume that all 
frequencies within a band are present in the 
exciting source the square of the pressure ampli- 
tude of each excited mode will take on the 
approximate resonance value given by 


po? =constant on7p,?(x, V, 2)Wn?(X0, Yo, Z0)/Rn?, (8) 


where k, is identified as the pressure decay 
constant (nepers per second), o, as a normaliza- 
tion constant discussed below, and y, as the 
characteristic function describing the space dis- 
tribution of pressure amplitude for the mth mode 
of vibration. We may now introduce the experi- 
mental circumstances involving placement of 
source and microphone. If either is located in a 
corner of the chamber the corresponding y,, func- 
tion has the approximate value unity. Alter- 
natively if either source or microphone is moved 
about in the chamber (or if several microphone 
outputs are commutated) to give a space average 
we must also average the corresponding y, 
function throughout the volume of the room. 
However, the normalization constant o, is 
defined in terms of the space average of ¥,.2 so 
that Eq. (8) may readily be simplified to yield 
the following weighting factors: For both source 
and microphone fixed in corners of the chamber, 
use 
pr x On? / Rr; (9a) 


for either source or microphone fixed in a corner 
and the other moved about to occupy an “‘average 
position,’’ use 


Dr? « On/Rn?; (9b) 


for both source and microphone moved about to 
occupy “‘average positions,’’ use 


pr? <1/k,?. (9c) 


The explicit evaluation of co, leads approxi- 
mately to one of the three values 1, 4, or } ac- 
cording to whether the normal mode in question 
has a wave direction at grazing incidence on 
none, one, or two wall-pairs. The approximation 
involved here, in (8), and in evaluating , as 
unity for a corner location, is that k,? shall be 
negligible with respect to w,?. This condition is 
usually satisfied in practical cases. 

Experimental confirmation of these weighting 
factors is exhibited, in Fig. 2, by two decay 
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curves calculated by the five-group analysis 
(Case A) and differing only in the use of Eqs. 
(9a) and (9b) to correspond to the two conditions 
of microphone placement. A previous suggestion! 
indicating the suitability of a corner location for 
the microphone is thus supported and the varia- 
tion of the results from those obtained by con- 
ventional techniques is rendered predictable. 


IV. COMPUTATION OF DECAY CONSTANTS FOR 
INDIVIDUAL MODES OF VIBRATION 


The decay constant k, is defined as the ex- 
ponent in the simple expression for the decay of 
pressure amplitude, p,=P, exp (—k,t), and it is 
now our object to compute this constant in 
terms of room geometry and some invariant 
property of the wall surfaces. Two general 
procedures are available for different, but over- 
lapping, ranges of absorption, and will be desig- 
nated as the ‘‘free wave theory” and the “‘stand- 
ing wave theory.” The free wave theory is 
especially applicable for low absorption materials 
distributed as in Case B and, since it represents 
a logical extension of the classical treatment of 
reverberation, it will be discussed first. 


Free wave theory 


When a free progressive plane wave strikes an 
absorbing wall at the incident angle @ the 
pressure reflection coefficient is given by 


Pret/Pine=(Z cos 6—pc)/(Z cos 6+ pc), (10) 


in which pc is the specific “radiation resistance” 
of the medium and Z is the specific normal 
impedance of the wall surface (i.e., Z=ratio of 
pressure to normal component of particle ve- 
locity at the wall surface). In evaluating an 
absorption coefficient from (10) Z is usually 
restricted to real values, but we may use the 
reflection coefficient itself for the complex values 
of wall impedance defined in polar form by 
Z/pc=z=vye'*. Let us now direct our attention 
to some particular mode of vibration having a 
wave direction making angles 6,, 6,, and @, with 
the three axes, and hence having these angles of 
incidence on the walls perpendicular to the cor- 
responding axes (designated as x, y, and z walls). 
We may deduce that the waves composing the 
stationary system will traverse the path length 
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l,/cos 6, between successive reflections at the x 
walls, the free path /,/cos 6, between reflections 
at the y walls, and so on. It follows that ¢ seconds 
after sound decay commences the x walls will 
account for a pressure amplitude reduction factor 
given by 


et cos 6z 
zcos 06,—1]° tz zq —17%¢t!! 
pet Ton 
z cos 6,+1 zq+1 
and that similar reduction factors will be con- 
tributed by the other walls. The following ap- 
proximate identity is then established by ex- 


pansions in power series, the coefficients of which 
coincide through the term in z~?; 








zq—1}* z—1 
= =R, when zq>1. _—— (12) 
zq+1 z+1 


The important conclusion may be drawn that 
every mode of vibration satisfying zcos 8>1 will 
have the same decay rate as that assigned to a mode 
whose waves are normally incident on the wall, 
provided z itself is not too small. In practice the 
effect of the restriction z cos @>1 is to exclude 
only those modes representing grazing, or nearly 
grazing, incidence at the wall, and it is this 
feature which provides the basis for the grouping 
of normal modes described above in Section I, 
Case B. Assembling the pressure reduction fac- 
tors contributed by the three walls we have, for 
the mth nongrazing mode of vibration, 


Pr(t)/pn(O) = R,6tl's- Ryetlly. Ryetlls 
ct 
=exp —(S, log Rz 
2V 


+S, log R, +S, log R:), (13) 


where S,=21,l,, «++, V=Il,J,l,. The similarity 
between (13) and the classical reverberation 
formula is striking. It should be emphasized, 
however, that the normal incidence reflection 
coefficient is not to be used in connection with a 
mean free path, but with /,, the free path associ- 
ated with a normally incident wave. The actual 
change in free path occurring as the direction of 
the wave is altered is just compensated by the 
change in reflection coefficient with angle of 
incidence (except near grazing incidence). 
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Before identifying the exponent in (13) as a 
conventional decay constant it is necessary to 
resolve the apparent dilemma presented in the 
complex value assumed by the reflection co- 
efficient when the wall impedance is complex. 
The dilemma can be resolved by writing for 
R,, «++ in (13) its absolute value, and imposing a 
limitation on the applicability of the free wave 
theory. Replacement of the complex R by its 
magnitude rejects, in effect, the information 
concerning phase shift on reflection at the wall, 
and hence ignores any shift of the pressure loop 
of the standing wave system with respect to the 
wall. Application of the free wave theory should, 
therefore, be restricted to cases in which this 
displacement of the pressure loop is small. 
Morse’ shows a series of pressure distribution 
curves from which one may infer that the restric- 
tion |Z/pc| 2 15 is sufficient for this purpose. The 
same restriction is also sufficient to assure the 
identity expressed in (12). We may now rewrite 
(13) as follows: 


pr(t)/pn(O0) =exp (—k,t) 
— | 
=>ex - 
. 4 Ll, 


where we have used the abbreviation 





Ony On: 
+ |. (14) 
Tir 


bnz=log |R;|?. 


(We have suggested that this quantity 6, defined 
through (14) in terms of k, be called the damping 
coefficient, reserving for k the term decay constant 
in analogy with the attenuation constant and 
transfer constant of network theory. The decay 
rate may then designate k expressed in db/sec.) 

The modes of vibration at grazing incidence 
excluded by the restriction on Eq. (12) must now 
be considered. The erroneous prediction from 
Eq. (10) for @=90° is avoided by borrowing an 
evaluation of the ratio of grazing incidence to 
normal incidence damping coefficients from the 
standing wave analysis described below. Assum- 
ing that these results are available, we may 
define y,=60,/5n, and introduce the factor yp in 
the appropriate terms of (14) to form the decay 


7P. M. Morse, J. Acous. Soc. Am. 11, 55 (1939). We are 
indebted to Professor Morse for the opportunity to examine 
and discuss this manuscript in advance of publication. 
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Fic. 3. Comparison between an experimental decay 
curve and a calculated curve representing the sum of 
seven decay components. a, is taken as 0.0096 and the 
seven components are numbered as they appear in the 
following complete decay equation: 


P?/ po® =0.633e~#/9-37 4-0, 20 1e~#/0-499 4+) O507e—#/0-412 
+0.0828e~*/9-433 4. 0.0172e~#/9-617 4.0 .0105e7¢/0.576 
+0.00433e7#/0.49, 


The straight dashed line is shown for comparison to exhibit 
the curvature. 


constant for those modes involving grazing 
incidence at either one or two wall-pairs. 

We may now, at last, assemble the complete 
equation of decay. Adopting the seven-group 
division from I, Case B, we select group popula- 
tions from (4a), (5), and (6), weighting factors 
from (9b) and decay constants from (14), to 
yield finally 


oe N,(1) 
p?(t)/p?(0) « aA ~exp (—2k,t) 


Noz(1/2) 


+> — 
7, 4,2 6, C 2 
[be (— 1) 

Ll, 4 


6, € 
Xexp o] - 2+ —p,)- | 
l, 4 


Nozy(1/4) 
+. 
idee | Cb; ey 
[be ( mn) —(1—yp,)- 
4 I, 4 I, 


Cc 6, Cc by 
Xexp a] — b+ (tn) #s +U—m)-- I. 
4 I, 4 1,1 (15) 


The summation symbols indicate that three 
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Fic. 4. Calculated and experimental sound decay curves 
for two frequencies. The values of a, and » are computed 
from the impedance of the material. 


terms are to be formed by cyclic advance of the 
subscripts. The expression can be normalized by 
dividing through by the sum of the seven co- 
efficients of the exponentials, whence the pressure 
ratio reduces properly to unity at ‘=0 and the 
complete decay may be calculated. In Fig. 3 this 
analysis is applied to precalculate the decay 
curve for our bare reverberation chamber. The 
value of the normal incidence absorption, 
a,=1—|R\?, is determined by successive trials 
and the factor » is taken as 0.5 from the analysis 
below. Although the necessity of successive trials 
to determine a, appears cumbersome the quan- 
tity is principally determined by the initial slope 
and two trials are usually sufficient to fix a, 
within one percent of its value. As an alternative 
procedure the reflection factors, and hence the 
damping coefficients, may be computed directly 
if the complex impedance of the wall surfaces is 
known. This is illustrated in Fig. 4 in which the 
calculation of two decay curves is based on values 
of a, computed from the impedance of the 
sample. The impedance and the ratio wu were 
actually deduced from the reverberation data by 
a method described below, but any other scheme 
(e.g., model chamber measurements’) yielding 
values for a, and » would be equally suitable. 
Fig. 5 presents an example of this analysis applied 
to a decay curve obtained in another reverbera- 
tion chamber. The agreement between calcula- 
tion and experiment is especially gratifying since 
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this experimental decay curve was published? in 
1936 as a typical example for which “. . . this 
curvature should be amenable to appropriate 
mathematical analysis.” 


Standing wave theory 


The conception and properties of the normal 
modes of aerial vibration in a room have been 
used freely in the preceding sections of this 
paper. We shall now give a brief summary of 
the mathematical basis for these properties and 
describe a method of computing the damping 
coefficients from the boundary conditions. 

The initial assumption is the validity of the 
small-signal wave equation 


CV p= ap/at. (16) 


Choosing the origin of coordinates at a corner 
of the room, we may verify, by direct substitu- 
tion, that 


x 
p= Py» cosh | ( —jwz)- +v.| 
Cc 
ae 
Xcosh | — jwy) +45] 
c i 


cosh | (.—ie.)-+¥.] exp (jw.—kn)t (17) 
c 


will be a solution of the wave equation 
and will describe a normal mode of vibration 
provided the “allowed,” or normal, angular fre- 
quency w, and the decay constant k, are related 
to the other k’s and w’s by 


(jon — Rn)? = (Rz—jwz)? + (ky — joy)? 

+ (Rk; —jw,)*. 
and provided the boundary conditions are satis- 
fied. The real and imaginary parts of (18) provide 
the following relations 

wn? —k,2 =07+0/7+07 — (kR2+k,+k.*) (19) 
Rn =Rrw2/ Wnt Rywy/wn+k.w./wn. (20) 
We observe that if k-=k,=k.=0, then k, =0, the 


wave motion is undamped, and the ‘‘undamped 
normal frequency” is given by 


(18) 


On? = 02? +,7+.’. 


§F. V. Hunt, J. Acous. Soc. Am. 8, 34 (1936). 


(21) 





This quadratic equation is interpreted geometri- 
cally by the normal frequency diagram and we 
may note that (21) is only slightly affected if 


kn,~0, (k2+k/?+k2)<a,?. (22) 


As mentioned before, this condition is nearly 
always satisfied in practice and we conclude that 
the effect of boundary absorption is merely to 
distort the normal frequency diagram without 
destroying its significance or its general con- 
figuration. 

A very important additive property of this 
solution may now be recognized. The three 
terms comprising k, through Eq. (20) are each 
functions of the absorption at one wall-pair alone, 
except for the factor w,. But, if the approxima- 
tion condition (22) is satisfied, w, is not appre- 
ciably affected by any of the k’s and it follows 
that the contribution to the total decay constant 
arising from absorption at one wall-pair is inde- 
pendent of the absorption at the remaining walls. 
The result has already been used in writing the 
defining Eq. (14) with the tacit implication that 
5,, 6,, and 6, are independent, and we may pro- 
ceed, without loss of generality, to consider in 
detail the case in which absorption is confined 
to one wall-pair. 

Assuming that absorption occurs only at the 
x walls (k,=k,=0) the boundary conditions are 
introduced by computing the x component of 
particle velocity, u, from (17) and forming the 
ratio (exact), 


Rn—jJon x 
(p/u) = pce—— coth | —ie.)—+¥- (23) 
c 


zr JWz 


Substituting two complex x-wall impedances for 
(p/u)o, 1, provides four equations to determine 
kz, w, and the real and imaginary parts of yx. 
The effects of absorption at the two opposite 
walls are not, unfortunately, additive when both 
walls are highly absorbing and similar. Since 
Morse’ has discussed these interaction phenom- 
ena in some detail we shall confine the re- 
mainder of this discussion to the case in which 
only one wall is absorbing (i.e., ¥z=0), remark- 
ing, however, that the effect of such slight ab- 
sorption as that of an opposite untreated surface 
can be added as a correction to the damping 
coefficient without significant error. 
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The transcendental equation which must be 
solved is, therefore, 


(kz—jwz) exp jp 
_ (Rn —jwn) coth [ (R; —jw,)l, ‘c |. (24) 


It is at this point that the present analysis be. 
comes restricted to the case of uniform coverage 
of each wall surface since it is implicitly assumed, 
in writing (24), that the wall impedance Z 
= pcye’® is not a function of y or z. It is also as. 
sumed in (24) that the normal impedance of the 
wall is independent of the angle of incidence: 
that is, the ratio of pressure to the normal com- 
ponent of particle velocity at the wall is assumed 
to be independent of the direction of the particle 
velocity in the incident wave. The plausibility of 
this assumption has been discussed by Monna! 
and by Morse.’ 
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Fic. 5. Theoretical decay curve based on the present 
analysis and in good agreement with experimental observa- 
tions reported in 1936. 


In order to provide a basis for an experimental 
study of the dependence of Z on the angle of 
incidence a solution of (24) must be obtained 
without invoking the approximation k,’?<w,?, so 
that independent measures of k, and w, for a 
single mode of vibration may yield both magni- 
tude and phase angle of the wall impedance. 
Such a solution can be obtained from (24) and 
(18) by a tedious process of power series manipu- 
lations. The results for modes of vibration at 
grazing and nongrazing incidence are, for 
wl,/yco=1: 


9A. F. Monna, Physica 5, 129 (1938). 
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ANALYSIS OF 
C . 
w)-B=— sin $ 
Ly 
B c? cos 2¢ 
+|—-—_] 40+, (25) 
6 81,2B 7 
c cos@ Bsin2d@ 21, cos3¢ 
— ac rnaatgneilinl ieeipe; aati 
21. ¥ 6 7 45 ¢ 3 
c? sin2@ c¢ cos 3 : . 
$e,” (28) 
81,27B +? él, +? 
c sing B’ c? cos 2¢ 
v,—B' = “+|—_- : =, (27) 
lL 2n*x? 21,2 B’ x? 
ccos@ B’ sin 2¢ 
“hy Inte? 2 
1,B’? cos 3¢ 
——(x*n? — 3)— 
3cr'n > 
c? sin 2¢@ 
21,2B’ 2 
c 1 cos 3¢ 
+ +>, (28) 
l,n*x? 3 


In these series B?=w/7+w0/7, B?=w'/2+w/+w?, 
and w’,, w,, and w, are undamped normal fre- 
quency components, so that (25) and (27) repre- 
sent the shift of the normal frequency from the 
value it would have without absorption at the 
walls. 

In applying these series to investigate the de- 
pendence of Z on the angle of incidence it is con- 
venient to employ the model chamber technique 
already described.! This involves alteration of 
the relative dimensions of the chamber and the 
position of the sample so that modes of vibration 
at various angles of incidence may be obtained 
at the same frequency. Such an investigation is 
in progress and will be reported later. 

Returning now to the full-scale problem of 
room acoustics, we may repeat that no serious 
error is introduced in the computation of k by 
assuming k,’<w,?. The effect of this approxima- 
tion is to drop out the last two terms in each of 
the series (26) and (28). In this form the series 
agree with those given by Morse,’ who also pre- 
sents alternative series which are convergent for 
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large values of wl,/yc. There is, unfortunately, a 
considerable interval between the convergence 
limits of these two series. We present now a solu- 
tion of (24) in parametric form which avoids this 
difficulty.'° 

Since dropping k, from (k,—jw,) is equivalent 
to neglecting &,” in comparison with w,?, we may 
rewrite Eq. (24) as follows: 


—j coth [w(a—jB) ]=(y/n)e**(a—jp); (29) 


in which the following abbreviations have been 
used : 
Wrlz/C= 17. 


kil,/c=na; wl,/c=rB; 


From Eq. (20) we have k,=k,w:/w, in the 
absence of absorption at the y and z walls, and 
from Eq. (14) 6,=41,k,/c. Writing in the ab- 
breviations gives (since (29) applies explicitly 
to the zero-order modes of vibration at grazing 
incidence) nip =4ra8, whence it becomes our 
objective to solve (29) for the quantity 47a8 asa 
function of the dimensionless ratio »/y and the 
impedance phase angle ¢. Separating the real 
and imaginary parts of (29) yields the following 
two equations: 





sinh 27a v 
= —-—(a sin ¢—§ cos 9), 
cosh 27a—cos 278 n 
(30) 
sin 278 





wet cos +6 sin ¢). 


cosh 2ra—cos 278 79 


Dividing one of these by the other leads to 

¢=cot—! (sinh 27a/sin 278) —tan a/B, (31) 
(30) gives 
cosh 2xa—cos 278 


2— (g2-+42 (32 
(alr = (a er 2ra+cos 278 (32) 


while squaring and adding Eq. 





These results may be displayed by plotting con- 
tours of constant 759 on the (¢, n/y) plane. For 
each selected value of 49, the (a, 8) pairs having 
the product 759/42 may be tabulated; each such 
pair introduced in (31) and (32) yields the co- 
ordinates ¢ and »/y for a corresponding point on 
the nd) contour, and so on. Such a contour chart is 
shown in Fig. 6. In the left, the central, and the 


10 We are indebted to both Mr. R. L. Wallace and Mr. 
R. C. Jones, who suggested this form of solution to us 
independently. 
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apply to first-order modes of vibration. 


upper portions of this chart the curves are 
smooth and regular and we shall present first an 
experimental application of the results involving 
this region of the chart. The more complicated 
situation represented in the lower right-hand 
portion of the chart will be discussed below. 

In general, two problems arise in applying the 
foregoing analysis in room acoustics: we may 
wish to precalculate the sound decay curve from 
the properties of a material and the room geom- 
etry, or we may wish to determine the properties 
of the material from the geometry and the decay 
curve. Solution of the latter problem is facilitated 
by preparing another chart, similar to Fig. 6, but 
representing contours of 76, for large values of n. 
Examination of the series (28) indicates that the 
first term alone will give adequate precision for 
greater than two or three times 7/y. This term 
(4n/7) cos ¢ yields a family of 76, contours which 
are plotted on the (¢, 7/y) plane of Fig. 7. By 
comparing Fig. 7 with Fig. 6 it is easy to super- 
pose on the chart of Fig. 7 a second set of con- 
tours for constant ratios of the two damping 
coefficients for grazing and nongrazing incidence 
(u= 5o/5n). 
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Fic. 6. Chart exhibiting solutions of the equation Coth r(a—j8) =(y/n)e#*(8—ja), in the form of contours of constant 
product 427a8 =75. The solid contours refer to zero-order modes of vibration; the dashed extensions of the solid contours 


The application of Fig. 7 to the reverberation 
chamber measurement of y and ¢ then proceeds 
on the assumption that the initial slope of the 
decay curve is controlled by the rapid decay in 
amplitude of the dominant group of modes of 
vibration at nongrazing incidence, while the final 
slope of the curve is determined by the relatively 
slower decay rate associated with the modes of 
vibration at grazing incidence. 

The initial and final decay rates are first 
corrected for the contributions from the other 
five (bare) walls, and then the quantities 74, and 
the ratio » are computed. The values of ¢ and 
follow at once from the coordinates of the inter- 
section of the corresponding 74, and u contours of 
Fig. 7. 

A verification of this analysis is afforded im- 
mediately by using these values of 59 and 6, to 
calculate the shape of the decay curve for com- 
parison with the measured curve. It does not 
follow that this check must necessarily succeed; 
the calculation of the damping coefficients from 
the measured decay rates involves only the 
length of the room normal to the absorbing 
material, whereas the group populations and 
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Fic. 7. Computation chart exhibiting contours of constant 74, (” large), and contours of constant ratio, u=5o/5,. 


weighting factors entering the calculation of the 
complete decay involve all three dimensions of 
the room and the placement of microphone and 
sound source. A more severe test of the analysis is 
afforded by using the values of y and ¢ deter- 
mined by the foregoing procedure to compute 
the decay curve to be expected when the absorb- 
ing sample is moved to cover a different surface 
of the chamber. In this case different values are 
assumed by 7, 50, 5,, the group populations, and 
the area of the sample, so that all factors involved 
in the theoretical computation are altered except 
the specific impedance of the sample. The results 
of such an experiment are shown in Fig. 8 in 
which the excellent agreement between the cal- 
culated and experimental curves provides strong 
support for regarding the specific impedance as a 
unique characterization of the acoustical per- 
formance of an absorbing material. 

The separate decay components of the five- 
group analysis (Section I, Case A) are exhibited 


in Fig. 8 for the lower curve. Each component 
may be identified with one of the terms in the 
following complete decay equation, which is as- 
sembled in accordance with the procedure de- 
scribed in a preceding section; 





: ; Nozy(1 ‘4) Noz:(1/4) 
p*(t) /p(0) « ——_—e-o". ————gttar 

o* 0” 

N,,(1) N'oz(1/2) 

—¢ 2kit 4. —_@- 2kot 
k;? ko? 
N'n( (1) + Nnon( 1/ 2) + Nano(l/ /2) 
rs es ent, (33) 
k, 2 


The group population numbers appearing in the 
first three terms are given by Eqs. (5) and (2), 
while the new symbol N’o, stands for the first 
two terms of Eq. (1). In the last term, N’, is 
obtained by subtracting from N, (Eq. (6)) the 
number obtained from Eq. (2) with the sign of 
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the second term reversed; thus N’, counts the 
number of modes of vibration at nongrazing inci- 
dence and having ,=2. Nnon and Nano count the 
number of modes of vibration grazing only at the 
y and z walls, respectively, and having ,=2; 
they are given by subtracting the second term of 
Eq. (2) from the first two terms of Eq. (1) and 
advancing the subscripts, once and twice suc- 
cessively, to generate the expressions for Nyon 
and Nuno. This subdivision of the coefficient into 
three terms is made, of course, to allow the ap- 
propriate weighting factor to be applied to each 
subgroup; a corresponding separation of the de- 
cay factor is not usually justified since the non- 
grazing absorption of the sample is usually much 
greater than the variation in the absorption 
correction for the bare walls. The decay con- 
stants, in general, are to be formed as indicated 
in Eq. (14), with the corrections to k for the 
absorption of the five bare walls determined 
from empty chamber measurements. Thus the 
curve of Fig. 3 provides correction terms used in 
the computation of the k’s for Fig. 8. The three 
grazing-incidence decay constants ko, ko’, ko”, 
differ only in the application of the corrections 
for the bare-wall absorption, the damping coeffi- 
cient for the sample, 592, being obtained from Fig. 
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Fic. 8. Comparison of calculated and experimental decay 
curves for two conditions of sample placement. The same 
value of impedance for the sample is used in calculating 
both curves. The components of the five-group analysis 
are shown for the lower curve, whose complete equation is 
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6. In our experiments the values of n/y have 
allowed direct computation of 6, and 6, from the 
series (28), but the extensions, discussed below, 
for the chart of Fig. 6 will also provide these 
quantities for all values of n/y. 

Figures 9, 10 and 11 exhibit other comparisons 
between precalculated and experimental sound 
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Fic. 9. Calculated and experimental curves for two 
positions of the sample. 


decay curves, the latter two showing measure- 
ments for a very highly absorbing sample. In 
each case the indicated impedance for the mate- 
rial has been deduced from the decay data, but 
the internal check, afforded by the requirement 
of fitting decay curves for two sample positions, 
is very rigorous and the agreement between 
theory and experiment is excellent. We conclude, 
therefore, that these analytic procedures can, if 
widely adopted, remove entirely the inconsistencies 
which have existed among the reverberation cham- 
ber measurements reported from different testing 
laboratories. 

We return now to consider the lower right-hand 
portion of the computation chart of Fig. 6. The 
two features which tend to obscure the interpre- 
tation of this region are the multiple values 
assumed by the solutions of Eqs. (31) and (32) 
and the shifts of the normal frequencies arising 
from absorption at the walls. To illustrate these 
remarks concretely, let us enter the chart along 
the bottom and follow a particular 59 contour in 
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Fics. 10 and 11. Comparison of calculated and experimental decay curves for a highly absorbing sample. The indicated 
impedance is obtained by consideration of the initial and final slopes of either one of the decay curves. 


the clockwise sense. This is the direction of in- 
creasing 6, and since w,; is proportional to 8, 
the normal frequency component w, must also 
increase along this locus. When the value of 8 
reaches 0.5 the corresponding points on each 
nd) contour may be joined to form the parabola- 
shaped locus A BC, within which 8 always exceeds 
0.5. If we examine now the shape of the character- 
istic function (from Eq. 17), cosh [(kz—jwz)x/c], 
we find that a minimum in the pressure ampli- 
tude appears at some point along the x axis as B 
increases beyond 0.5. It follows that, within the 
region ABC, all modes of vibration have mini- 
mum-pressure, or quasi-nodal, surfaces parallel 
to the absorbing sample. Moreover, within ABC, 
there are two possible values of 76 for values of 
8 lying between 0.5 and 1.5. Remembering that 
the values of 6 are 0 and 1 for the undamped 
zero- and first-order modes, we observe that 
within the ABC region the distinction between 
zero- and first-order modes becomes very vague. 
On the dashed line BL the values of 8 are identi- 
cal for the two contours approaching this line 
from above and below, or, interpreting 8 through 
the normal frequency diagram of Fig. 1, we may 
say that the zero- and first-order layers have been 
merged through the distortion of the diagram by 
boundary absorption. If we retain the designa- 
tion "59 for association with the smaller value of 
8, we will choose the small-value contour as 


ndy above the line BL, and the large-value 
contour as é9 below the line BL." On the line 
itself we have the anomalous situation of two 
groups of normal modes, similar in number and 
orientation in space, but having two distinctly 
different damping coefficients. 

If we continue to follow the spiral course of the 
contours entering the ABC region from above 
(they should be designated 74, after crossing the 
line BL) they will eventually intersect the first 
branch of an do contour for which 6,;= 49. The 
locus of such intersection points is shown by the 
heavy dotted line BD and is strikingly similar 
to the locus (Fig. 7) along which 59=6,. We have 
not yet ascertained whether the values of ¢ and 
n/y along this line yield the same damping 
coefficients for all modes of vibration, but if this 
is not the case the condition 5)5=6,=6, is an 
unusual coincidence. 

In concluding this section we may remark the 
disappearance of the first loop in the 759 contours 
near the singular point ¢=39°, n/y=0.83. It 
seems plausible that the approximation involved 
in neglecting k,2 in comparison with w,? for 
Eq. (29) may be responsible for the failure of the 
B terminus of the lines BL and BD and the 


1 Morse (reference 7) seems to have made the alterna- 
tive choice of designating always the smaller value of 75 
as 59; thus his series expansion and curves for 8» at large 
values of »/y apply to the modes of vibration which we 
have designated as first-order (0.5 <8<1.5). 
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vertex of the region ABC to coincide with the 
singular point at which the first né9 loop dis- 


appears. 


DISCUSSION AND CONCLUSIONS 


Throughout the preceding analysis of sound 
decay every effort has been made to require no 
assumptions whose validity cannot be verified by 
direct experiment. We have attempted to indi- 
cate clearly the approximations used to simplify 
the results and to indicate how the analysis may 
be expanded if the approximations are not justi- 
fied in practice. The present theory is restricted 
to consideration of the decay of r.m.s. pressure in 
rectangular rooms containing no “‘sound-scattering”’ 
obstacles, having each wall uniform, and with no 
absorption in the air. The removal of each of these 
restrictions will require further study but the 
basic analysis appears to be well adapted for 
these extensions. 

The present results appear to be most imme- 
diately applicable to the problem of testing 
acoustical materials. Our experimental results 
support the assertion that concordant results 
can be obtained in different laboratories if dif- 
fusing agencies (rotating vanes, nonparallel 
walls, etc.) are avoided in the reverberation 
chamber and if the measurements are analyzed 
to yield the complex specific impedance of the 
sample. Tube methods for measuring impedance 
would provide a convenient substitute for the 
reverberation chamber but it is difficult to dupli- 
cate accurately on a small scale the sample 
mounting conditions obtaining in practice, espe- 
cially with materials whose absorption is en- 
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hanced by diaphragm resonance. On the other 
hand, a small reverberation chamber would allow 
small areas of material to be tested without diff. 
culty (even at low frequencies) if explicit account 
is taken of the existing state of sound diffusion, 

A second field of applicability for the present 
theory is that of office quieting and the acoustical 
correction of simple rectangular auditoria. We 
have not yet investigated the effect of sound 
scattering by desks and chairs but it may be 
inferred that the principal effect will be to divert 
some energy from the standing wave systems 
having slow decay rates into those having more 
rapid decay rates. 

In conclusion we may emphasize the signif. 
cance of our analysis of the state of sound diffu. 
sion, and in particular the importance of giving 
special consideration to that portion of the sound 
at grazing incidence on the absorbing boundaries, 
In small rooms having ceiling treatment the 
grazing-incidence absorption is very important 
and, even in large rooms at high frequencies, the 
analysis represented in Figs. 6 and 7 indicates 
that several groups of the lower order modes of 
vibration may have properties differing sig- 
nificantly from those of the remaining modes. 
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Possible Variation of Sound Absorption Coefficients with Intensity* 


F. J. WiLLIG 
University of Illinois, Urbana, Illinois 
(Received June 9, 1939) 


T HAS usually been assumed that the absorp- 

tivity of a material is independent of the 
intensity of the incident sound. This has been 
made plausible by the fact that db time decay 
curves of sound intensity in reverberation cham- 
bers containing acoustic materials are com- 
paratively straight. However, the accuracy of 
locating individual points of curves obtained by 
this means is not very great. Furthermore, 
present reverberation theory predicts a curvature 
depending on the constants of the room. 

In some recent work in India, variations of 
sound absorptivity with intensity were reported 
for several types of standard porous materials. 
This variation was found to be as high as 20 
percent over a range of 30 Ib. Coefficients were 
obtained by measuring pressures at loops and 
nodes of standing waves in a tube with the aid of 
a thermal microphone. 

It was the object of this research to repeat 
these measurements with modern apparatus and 
see if any such variation could be detected. A 
heavy brass tube 103 inches in diameter and 7 ft., 
4 in. long was used. Both ends were carefully 
sealed to prevent leakage or coupling with the 

* Presented at the Tenth Anniversary Meeting of the 


Acoustical Society of America, held in New York, May 15, 
1939, 


room. It was found that with a perfect reflector 
on the end opposite the speaker, there was not a 
zero response at nodes and all loops did not yield 
the same pressure-amplitudes. Applying the 
signal to an oscilloscope showed that this trouble 
was due to harmonies which had loops at the 
nodes of the fundamental. The presence of these 
harmonies was especially bad since their intensity 
relative to the fundamental was not independent 
of its intensity. For this reason it was necessary 
to eliminate them from the measuring system 
since it would be much more difficult to eliminate 
them from the tube. This was done with the help 
of a selective amplifier! of the degenerative feed- 
back type. 

After these precautions were taken measure- 
ments were obtained on samples of the following 
types: plain porous, perforated, cotton, hair felt, 
rock wool and cork. Any variation in the value 
of the absorption coefficient due to a change of 
intensity of sound was not more than +1.5 
percent over a range of 60 lb. This leads me to 
conclude that no significant variation of ab- 
sorptivity with intensity for standard materials 
exists. 





1H. H. Scott, “A New Type of Selective Circuit,” 
Proc. I. R. E. 26, 234 (1938). 
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Discussion 


V. L. CurisLer, National Bureau of Standards, Washington, D. C. 


HE papers which have just been presented 

have been of considerable interest to me 
and I agree with most of the statements which 
have been made. I feel that Doctor Hunt was 
somewhat optimistic in his statements but wish 
him success in working out his ideas. I am glad 
to see this problem of making sound absorption 
measurements being attacked in a different 
manner, as I feel that our present methods of 
determining sound absorption coefficients are 
not altogether satisfactory. The only justification 
which we have for using the present method is 
that we can take the coefficients which we have 
determined in a reverberation chamber and use 
these figures in designing a room which we are 
certain will be acoustically satisfactory when 
the acoustic material is installed. 

When all of the acoustic material is on one 
surface of a room, the room is never satisfactory 
as there are prolonged reflections between the 
opposite surfaces which do not have acoustical 
treatment. Until it is possible to make computa- 
tions as to what will happen when acoustical 
material is placed in small areas which are 
distributed on different surfaces of the room, no 
theory will be of much practical value in de- 
signing a room for good acoustics. 


REVERBERATION ROOM 
WITH SAMPLE OF 
HIGHLY ABSORBENT MATERIAL 


(72 SO. FT) 


DECIBELS 














TIME IN SECONDS 


Fic. 1. Curve showing that a logarithmic decay is ob- 
tained, when a highly absorbent sample of the size normally 
tested is in the reverberation chamber. 





The sound absorption coefficients which have 
been determined at the National Bureau of 
Standards for different materials have in most 
cases been in good agreement with those de. 
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Fic. 2. Curve showing that the sound decay is not 
logarithmic, even for material having a small sound absorp- 
tion coefficient, where one surface of a room is covered. 


termined at Riverbank Laboratories and at the 
Johns-Manville Laboratory. The one outstanding 
difference has been with the Riverbank Labora- 
tories for measurements made at 128 cycles per 
second. With this exception the differences in 
many cases are not greater than one might find 
between two samples of the same material which 
were manufactured at different times. 

As far as we have been able to determine the 
sound decay is logarithmic in our reverberation 
chamber at 128 cycles, both for the empty room 
and when the sample is placed in the chamber. 
This difference may account for the difference 
in results. 

I agree with Mr. Stanton about the necessity 
of distributing the absorbent material. In the 
past the necessity of placing some of the sound 
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Fic. 3. Decay curves at 512 cycles when approximately 
all, } and } of the floor of the reverberation chamber was 
covered with sample No. 1. (Dynamic microphone.) 


absorbent material on the walls has been over- 
looked in many cases. To determine this effect 
we made a study of the rate of decay of the 
sound field in our reverberation chamber with a 
varying amount of absorption on the floor. 
Fig. 1 shows the kind of decay curve obtained 
with the size of sample normally used. Fig. 2 
shows that the decay is not logarithmic when 
one surface of the room is covered with an 
absorbent material having a coefficient of 0.19. 
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Fic. 4. Decay curves in large room having 
a ceiling treatment. 
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MEASURED COEFFICIENT OF SOUND ABSORPTION 
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5. Variation in measured coefficient with area and 
magnitude of absorption coefficient at 512 cycles. 
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Fig. 3 shows the results when a more highly 
absorbent material was used. The coefficient in 
this case was 0.83. Fig. 4 shows similar results 
when the ceiling only of a large office was 
treated. In the cases where the decay is not 
logarithmic the effective coefficient of sound 
absorption is always less than that computed 
from the reverberation room measurements and 
appropriate corrections should be made. How- 
ever, as previously stated the acoustic treatment 
should not be confined to one surface of an 
enclosure if good results are to be obtained. 
Attention should also be called to the increase 
of the effective coefficient where small areas are 
used. Fig. 5 gives the results of measurements 
on smaller areas.* 
~ *A more complete discussion of these problems will be 


found in National Bureau of Standards Research Paper 
RP700. 


Joun S. PARKINSON, Johns-Manville Research Laboratories, Manville, New Jersey 


HE papers presented have done a great deal 

to crystallize the problem of sound absorp- 
tion coefficients. Certainly the first step in solv- 
ing any complex problem is to make a clear 
analysis of it and in this respect the Symposium 
appears to have fulfilled its purpose admirably. 
I believe that all of those interested in practical 
acoustical engineering will note with pleasure the 
progress which is being made toward the funda- 


mental solution as reported by Professor Hunt 
and others. 

The suggestion made by Professor Hunt that 
we call the sound absorption coefficient measured 
in the standard type of reverberation chamber 
“the chamber coefficient’? seems a good one. 
There have been so many data reported in the 
literature recently on sound absorption coeffi- 
cients measured in different ways that it is 
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probably necessary to attach some defining 
adjective to the results obtained by the rever- 
beration chamber method. 

Without in the least desiring to detract from 
Professor Hunt’s excellent analysis, I should like 
to second Mr. Stanton that for a complete solu- 
tion of the problem of room acoustics, it will be 
necessary to consider the case where areas of 
sound absorbent materials are used which do not 
cover an entire surface. This is, after all, the 
condition which occurs in most cases. I note that 
Professor Hunt hopes to see a diffraction analysis 
developed which will allow for these conditions. 
It seems probable that the variations in absorp- 
tion coefficient which have been observed with 
varying area can only partly be accounted for 
by analyzing the behavior of the normal modes of 
decay in the room. In the Johns-Manville sound 
chamber there are phenomena which occur 
where samples larger than 100 sq. ft. in area are 
used that can probably be explained by studying 
the decay of the normal modes. As Mr. Morris, 
Mr. Nixon and I pointed out, the decay does not 
occur at a constant rate when large areas of 
treatment are concentrated on a single surface. 

On the other hand, for small areas of sample, 
the decay rate is quite constant, but the ap- 
parent absorption coefficient varies, of course, 
with area. This is, as Professor Hunt indicates, 
very likely a diffraction effect, but it should be 
emphasized that these effects are probably as 
important as the variation in decay rate noted 
under other conditions. Bedell and others have 
pointed out that there is an apparent tendency 
for energy to flow transversely across the face of 
the wave to a highly absorbent surface. It ap- 
pears that some account must be taken of this 
factor and some method for its evaluation 
developed. 

It would be interesting also to know whether 
the new approach which Professor Hunt is sug- 
gesting would provide an explanation for the 
fact which I reported in 1932, that the width of 
the warble band affects the coefficient of absorp- 
tion of the material. At that time it was pointed 
out that varying the width of the warble band 
from 0 to 50 cycles at 512 cycles produced a 
variation in the absorption coefficient of one 
material from 78 percent to 91 percent. A recent 

series of experiments on another material at 
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256 cycles for the same range of warble bang 
indicated a variation from 64 percent to § 
percent. In most testing laboratories this prob. 
lem has been solved by adopting a standar 
warble width which produced as little variatioy 
in the coefficient as possible while yielding 
the desired diffusion of sound energy in the 
room. Further light on the subject would, hoy. 
ever, be very useful. 

I should like to consider the general problem of 
measuring and using sound absorption coeff. 
cients, from at least three different points of 
view, that of the testing laboratory, that of the 
acoustical manufacturer and that of the acous 
tical engineer. These points of view are some. 
what divergent, and it seems that it would bk 
healthy to define the responsibilities of each iy 
connection with this problem. 

To an extent larger than is generally credited, 
the testing laboratories have solved their prob. 
lems. They have achieved a considerable degree 
of internal consistency among their results by 
adopting similar test procedures and similar test 
rooms. For frequencies above 512 cycles, there is 
no discrepancy between the results obtained in 
our laboratory and those obtained by the Na. 
tional Bureau of Standards or the Riverbank 
Laboratories greater than the variation in our 
own individual results. Below 512 cycles the 
Riverbank Laboratory results are usually higher, 
this effect being more pronounced at 128 cycles 
than at 256. However, in comparing the noise 
reduction coefficients of a number of materials, 
the agreement is good in almost all cases. For 
each of six materials tested within the last year, 
in both of these laboratories, the noise reduction 
coefficients checked within two percent of the 
figure obtained by our own test procedure. 

It may be argued that the testing laboratory 
is not measuring the quantity which is most 
valuable for acoustical design, but the fact re 
mains that the laboratories are measuring the 
quantity which is actually used in acoustical 
design and measuring it with a good degree of 
consistency. I am sure that our testing labora- 
tories will be alert to make any changes in their 
testing techniques which will lead to a more re- 
liable end result, but it appears that the initia- 
tive for such changes must come from those 
who have more opportunity for basic research. 
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From the standpoint of the acoustical manu- 
facturer, the problem is to make a material 
which will produce the desired acoustical results 


and make it as efficiently, as economically and. 


as honestly as possible. The acoustical manu- 
facturers have developed a uniform method of 
reporting their materials, and have achieved a 
high degree of integrity in manufacturing and 
marketing their products. These products are 
making possible acoustical correction and quiet- 
ing results which would never have been possible 
ten years ago. The fact that the buyer is getting 
results from these materials is attested by the 
steadily increasing volume of materials sold. 
The manufacturers are naturally interested in 
doing the most accurate possible engineering 
job for the customer, but here again the re- 
sponsibility does not really seem to lie upon their 
shoulders. 

From the standpoint of the acoustical engineer, 
available techniques certainly have some obvious 
weaknesses. In auditoriums of unusual shape and 
particularly in large auditoriums reverberation 
time calculations by the customary formulae can 
be very misleading. The engineer is also con- 
fronted with the fact that sound absorption 
coefficients obtained in small test rooms do not 
coincide with those obtained in larger test rooms, 
and is presented with a problem in knowing 
which type of coefficient to use in a given case. 
On the other hand, in many conventional types 
of auditoriums and almost invariably in the 
calculation of noise quieting in offices, the prac- 
ticing engineer can make very accurate predic- 
tions. It is rare that the calculation of decibel 
reduction in offices will vary more than a db 
from the measured result. 

In a recent extended series of measurements 
on radio studios, it was found that where treat- 
ment was properly distributed through the 
studio, the sound absorption coefficients actually 
measured in the studios agreed with those ob- 
tained in the laboratory with the greatest con- 
sistency. In fact, in a number of instances the 
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measured coefficients checked the laboratory 
figures exactly. Experiences of this type appear 
to indicate that the quality of our acoustical 
engineering, while it may have its weak points, 
is better than the replies to the questionnaire 
might have led one to believe. Nevertheless, any 
practicing acoustical engineer is thoroughly 
aware of the limitations of his present knowledge 
and is anxious to see some effort made to im- 
prove that knowledge. 

I submit that the responsibility for investigat- 
ing the discrepancies which exist between various 
methods of measurement and for working out a 
more accurate technique of calculating room 
acoustics lies with the central scientific body 
which best represents the industry and the 
profession. Obviously, this is the Acoustical 
Society. Hitherto, the Society has been content 
to provide a forum wherein differences of opinion 
might be presented and any constructive re- 
search reported, and has published this informa- 
tion so that it might be available to all interested 
parties. This is very useful service. However, 
it seems to me that at the present time a more 
active type of leadership is indicated. There 
should be some central coordinating agency 
whose duty it would be to get data as to the 
needs of the profession and to assist and en- 
courage research work wherever it seems possible 
that it may be undertaken. Such a coordinating 
agency would greatly facilitate the interchange 
of views and could prevent overlapping of effort 
by individual investigators. Through its contact 
with universities and other fundamental research 
organizations it could do much to encourage the 
necessary investigations. 

I would like to suggest that the executive 
council of the Society appoint a central coordi- 
nating committee to undertake the functions 
outlined above. I am sure that such a committee 
would receive wide cooperation from the industry 
and I shall certainly be glad to place at its dis- 
posal any of the data which my own organization 
possesses. 
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L. BRILLOUIN, Collége de France, Paris, France 


I WAS specially interested in Mr. Hunt’s 

report and very glad that he brought forward 
a complete theoretical discussion and a number 
of very impressive experimental results. I fully 
agree with his point of view; as a matter of fact, 
I happened to present before the French acous- 
tical engineers remarks very similar to his. We 
have no regular acoustical society in France, but 
as one of the editors of the Revue d’Acoustique, 
I managed to organize, during the last few years, 
some meetings on Acoustics at the Collége de 
France, where scientists and acoustical engineers 
would come and have discussions on acoustical 
problems. 

I may state that the consideration of the 
normal modes of vibration of a room, and of 
their particular damping is the only correct way 
to treat the problem of reverberation. It is only 
after a very careful study of this question for 
different types of rooms and various distributions 
of the absorbing materials that we will later on 
be able to specify under which conditions the 
simple Sabine assumptions are justified and lead 
to a reasonable first approximation. 

I guess that the result should probably prove 
that the usual definition of reverberation could 
be applied without too great an error for rooms 
of medium size and for an almost uniform 
distribution of absorbing materials. A small room 
shows very distinctly separated resonance fre- 
quencies, while for a big room the number of 
proper vibrations in a given frequency range 
increases very rapidly; the average number, dN, 
of proper vibrations in a frequency range f, 
f+df, is known (from the blackbody radiation 
theory) to be given by 


Anf? 


C3 


dN=V. 





df, (1) 


where c=sound velocity, V=volume of the 
room. This formula is increasingly exact as V 
increases, so that all the dimensions of the room 
become very much greater than the wave-length. 
Taking rooms of very complicated shapes helps 
nothing. The proper vibrations are always there, 
with the additional trouble that we are unable 
to calculate their frequencies. 


If we now think of a big room, like a theatre, 
or a big auditorium, the volume V is just big 
enough to enable us to use the simple formula 
(1); but other difficulties arise due to the fact 
that the delay for the acoustical waves to 
propagate throughout the room becomes of an 
order of magnitude comparable with the re. 
verberation time. The result is that for any 
actual use, no tone will practically be sustained 
long enough to provide an almost complete 
excitation of the sound field inside the room. 
If recordings of sound growth and decay are 
made inside the room for different locations of 
the microphone (the transmitter being kept on 
the stage) it will be found that the recorded 
curves show wide variations of shape, so no 
unique reverberation constant can be defined, 
I think that for practical applications the notion 
of reverberation is entirely wrong for big rooms, 
What could be done for such cases? I suggest 
treating the room in the following way: take 
the optimum reverberation time, as obtained for 
medium size rooms and for the special use in 
view (music, comedy, etc.) ; and then adjust the 
shape of the room and the distribution of the 
absorbing materials so as to provide, for most 
of the possible locations in the audience, a curve 
of sound growth or sound decay not too far 
from the optimal exponential curve. Such a 
result can be obtained only approximately, and 
on the hypothesis that the position of the sound 
sources is known (source on the stage). For all 
sources of noise inside the room a serious 
attenuation should be provided in ordinary 
theatres. The case of rooms opened for public 
discussions is much more complicated because of 
the need for hearing anybody from any place. 

These general considerations have been guiding 
my brother, M. Jacques Brillouin, acoustical 
engineer, in the very careful study he made for 
the new Thedtre du Trocadero in Paris, and all 
experts agreed in considering the result an 
excellent one. There were a great many other 
delicate problems involved in the case of this 
theatre but I would not like to take too much 
time in describing all the details. 


—_— 
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GEORGE S. FIELD, National Research Laboratories, Ottawa, Ontario, Canada 


HE paper given by Dr. Hunt is particularly 
i useful in that it offers an apparently 
accurate explanation for the variation in absorp- 
tion coefficients as determined in different testing 
chambers. We now know just why such dis- 
crepancies occur, and that values determined in 
one chamber are in general no more “‘right’”’ or 
“wrong” than values determined in some other 
chamber. 

Although the theory is not directly applicable 
to rooms containing absorption areas smaller 
than one of the walls, testing laboratories could 
employ small chambers having floor areas of, 
say, 72 sq. ft., for the determination of “‘abso- 
lute” values of the absorption coefficients. How- 
ever, since such values could be applied only in 
simple rooms where all one wall was covered 
with the material, this test procedure does not 
seem desirable at present. At the moment it will 
probably be more useful to continue with our 
present reverberation chambers, and, as was 
implied by Dr. Sabine, to determine empirically 
any corrections that may be necessary for certain 
frequencies and ranges of coefficients in order to 
make the chamber coefficients agree with results 
determined in an average auditorium installation, 
and incidentally, of course, to make the coeffi- 
cients from different laboratories agree with 
each other. For studio design an additional set 
of corrections will probably be necessary. 

A conclusion from Dr. Hunt’s theory is that 
the two slopes in nonlogarithmic decay curves 
are determined, respectively, by the coefficient 
at normal incidence and the coefficient at 
grazing incidence. Where the correct hearing of 
speech and music are involved, it is questionable 
if the shape of the decay curve is of any im- 
portance after the first 30 or 40 db of decay. 
It may be, therefore, that in general it is only 
the coefficient of a material at normal incidence 
which is of practical significance in an audi- 
torium or a studio. This point might well be 
investigated. 


In our reverberation chamber in Ottawa we 
have not tested very many materials on which 
measurements have been made in other labora- 
tories. With three or four materials which have 
been tested both by us and the Johns-Manville 
laboratory, our coefficients have been definitely 
lower at 256 and 512 cycles/sec. As the two 
chambers are almost exactly the same in both 
size and shape, these results can be explained 
only by the presence in our room of a large 
rotating paddle. We hope before long to take 
some measurements with this paddle removed, 
to determine what effect it has on the character- 
istics of the room. 

Where materials are involved which owe 
their absorption to their ability to vibrate when 
struck by a sound wave, it is well to bear in 
mind that the measured absorption coefficients 
of such materials will in general depend on the 
decay time of the room in which such measure- 
ments are made. When the source of sound in 
the reverberation chamber is cut off, the vibra- 
tion in the resonant material begins to die 
away at a rate given by its own decay constant. 
If that rate is faster than the rate of decay for 
the room, its “‘potential’’ soon falls below that 
of the room and the room feeds energy into it. 
The liver the room, the greater the potential 
difference between the room and the material, 
and the greater the amount of energy absorbed 
by the material. On the other hand, as the room 
becomes more dead and its decay rate approaches 
that of the material, the tendency for the room 
to feed energy into the material is reduced, and 
the measured absorption of the material di- 
minishes. In some measurements made on a 
resonant material in our laboratory, a measured 
coefficient at 512 cycles/sec. of 0.41 in a room 
with a reverberation time of 10 sec. dropped to 
0.32 when the material was placed in a room 
having a reverberation time of about 33 sec. 
The coefficients at other frequencies were simi- 
larly affected. 
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R. M. Morris AnD G. M. Nixon, National Broadcasting Company, New York, New York 


HE technique of absorption measurements 
described by Dr. F. V. Hunt appears at 
least for the present to serve as a partial solution 
to the problem of resolving discrepancies between 
measurements by different laboratories of what 
has been referred to up to the present time as the 
“‘absorption coefficient.”” The organization of the 
Acoustical Materials Association and the use of 
one laboratory by the various members for 
measurement work has undoubtedly proved 
beneficial to the manufacturers. The chief benefit 
is that of providing a comparison of materials on 
the basis of measurements made in one recognized 
laboratory under controlled conditions. However, 
as regards the user, the question still remains as 
to the ‘“‘real”’ absorbing efficiency of the materials 
and what value to use in the reverberation time 
formula so that at least something more reliable 
than an “engineering estimate’’ can be made of 
the performance of the completed room. 

The ‘‘real’’ absorptivity of a material is of 
importance in all cases of reverberation control. 
The provision of the proper amount of total ab- 
sorption at the various frequencies is the primary 
objective rather than the provision of the greatest 
amount. In broadcasting studio design the total 
absorption is provided in most cases by the 
acoustical materials used, as the other boundary 
surfaces are usually nonabsorbent. Broadcasting 
studios also furnish a satisfactory means for 
comparison of laboratory and field measure- 
ments, as there is little question as to the assign- 
ment of absorbing values to surfaces other than 
that occupied by the acoustical material. These 
other surfaces usually consist of linoleum covered 
floors, glass windows, doors, etc. In other rooms 
estimates are frequently necessary in the case of 


balcony openings, draperies, seats, etc. The 
acoustical treatment in studios is usually well 
distributed, tending toward a diffuse sound field, 
thereby permitting the calculation of absorbing 
efficiencies of materials from field measurements 
with reasonable accuracy. It is perhaps for these 
reasons that discrepancies between results ob. 
tained in the laboratory and in the field are 
readily apparent. 

The development and use of the technique de. 
scribed should also include measurements at the 
upper and lower limits of the frequency range. 
No one would purchase amplifiers, microphones 
or similar equipment on the basis of their per- 
formance between 128 and 2048 cycles and since 
acoustical materials obviously influence the over- 
all result it seems reasonable to investigate their 
absorbing efficiency over the entire frequency 
range. For noise reduction work the usual fre- 
quency range is probably adequate but for other 
applications is quite unsatisfactory. 

Another item of some annoyance is the effect 
on absorptivity of painting certain porous 
acoustical materials. Laboratory measurements 
in many cases indicate that the materials may 
be painted whereas field observations are to the 
contrary even where the paint has been applied 
carefully. 

The approach employed in considering the 
resistive and reactive impedance of the materials 
as related to absorbing efficiency appears to be 
in the proper direction. It is hoped that the 
continuation of the work, supplemented by suffi- 
cient observation in the field to uncover any 
weaknesses or difficulties, will lead to measure- 
ments of absorptivity which can be used with 
confidence. 


C. R. JAcoss, Columbia Broadcasting System, Inc., New York, New York 


HESE discussions regarding absorption co- 
efficients have ended with attention turned 

to the discrepancies of absorption coefficients as- 
signed to various materials by different labora- 
tories. It is my opinion that the laboratories are 
missing the point. I, for one, am not at all inter- 


ested in the discrepancies between the published 
figures of the various testing laboratories. I am 
interested in the discrepancies which exist be- 
tween the published coefficients and the coefh- 
cients obtained in the field. The value of the 
published data from the various acoustical 
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laboratories is of no use to us in the broadcasting 
studio construction and operation field until we 
can use such absorption coefficients in our calcu- 
lations and obtain a result with but little 
discrepancy. 

There was much discussion relating to the 
diffuse state of sound within an enclosure. We 
feel we have that diffuse condition. Our reason 
for this contention is that we have uniform 
logarithmic decay and that the location of the 
microphone in the studio makes very little 
difference. 

Speaking from the point of view of a consumer, 
the various acoustical manufacturers are at a 
tremendous disadvantage unless the coefficients 
published by their official laboratory are of such 
accuracy that the reverberation vs. frequency 
field measurements are at least within 10 percent 
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of being in agreement with the calculations prior 
to the construction of subject enclosure. I do not 
agree that some empirical set of correction factors 
should have to be worked out for studio use. I do 
not agree that this is something which the sound 
engineers, who have broadcasting studios as 
their problems, should have to do, but contend 
that it is the job of the testing laboratory. The 
data presented by the manufacturer to the con- 
sumer should be accurate and official. It is my 
contention that large discrepancies have con- 
tinuously existed between the ‘‘chamber coeffi- 
cients’ and the coefficients obtained in field 
measurements. The broadcasting sound engineers 
have unquestionably been responsible for forcing 
the discussions of these discrepancies into the 
open. For certainly, everyone will agree that in a 
studio such discrepancies stand out in disgrace. 


R. F. Norris, Norris Industries, Inc., Madison, Wisconsin 


INCE I was unfortunate enough not to be 

present at the symposium on sound absorp- 
tion coefficients, I do not feel fully qualified to 
give a detailed discussion of the material pre- 
sented. However, I have had the opportunity 
of reading over the contributions of Mr. Hunt, 
Mr. Paul Sabine and Mr. Stanton and the 
abstracts of the papers presented by Mr. Willig, 
Mr. Bolt and Mr. Bhatt. From a consideration 
of these papers I have the following thoughts 
to offer : 

It has long been my contention that the 
acoustical material of itself knew very little 
about its particular environment and that if it 
appeared to absorb less sound when used in 
large quantities than it did when used in small 
quantities in a room so arranged that the sound 
energy was in what we call a diffuse state, then 
the reason for this must be that the sound energy 
was not in the diffuse state and that we know 
very little about what is going on in the room. 
The only way to remedy this condition is to 
study the action of sound in the specific room 
and determine how it is behaving and in what 
manner it approaches and leaves the acoustical 
material. I believe that if this is done, we will 
find a few rather evident facts which will clarify 
the whole situation on sound absorbent materials. 


From an applicator standpoint I agree thor- 
oughly with Mr. Stanton that, although the 
discrepancy may be scientifically deplorable and 
quite a thorn in the side of the acoustical 
material manufacturer, it is not particularly 
important to the engineer who is making actual 
acoustical installations. The reason for this is 
that irrespective of the specific values assigned 
to the materials by various tests, the engineer 
has such a wide opportunity to study the various 
materials in situ that he has built up a fund of 
experience from which he can draw and by it he 
can achieve the desired acoustical effects on 
the job. 

By the above statement I do not mean to 
minimize the importance of finding out the exact 
coefficients of various materials from a scientific 
standpoint. I believe this work should be 
prosecuted until the end result is that a measure- 
ment of the sound absorption value of any 
specific material can be accomplished as defi- 
nitely as can the measurements of its other 
physical characteristics. What I do mean, how- 
ever, is that the work should be done in the 
laboratory and should not be broadcast to the 
commercial field in general, since it can cause no 
end of confusion and engender many bitter 
arguments. 
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A parallel may be drawn to the matter of 
standards of length. Scientifically, a great deal 
of time, thought and money may be spent in 
establishing exact standards of length. However, 
at the same time, a great many satisfactory 
buildings are being erected with no more accurate 
tools than the ordinary ten-cent six-foot rule 
and a two-dollar steel tape. It would be foolish 
for a contractor to insist on precision measure- 
ments in constructing a building and it would 
raise the cost of the building immeasurably if he 
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were to attempt it, but no one will deny the 
necessity of having the accurate standards as 
reference standards, for otherwise nothing but 
confusion could result. 

Let us, then, strive to work out methods of 
measuring the sound absorbent properties of 
materials scientifically in the laboratory and, at 
the same time, build up practical standards 
which, although not exact, will be thoroughly 
satisfactory to the engineer who is doing work in 
the field. 


CARL F. Eyrinc, Brigham Young University, Provo, Utah 
g g 3 


HE science of auditorium acoustics has 
shown significant advance during the past 
few years. The development in the near future 
might well follow two distinct paths: the strictly 
practical one and the theoretical and seemingly 
impractical one. In time these paths should again 
cross to the mutual advantage of engineer and 
scientist. 

When reverberation time formulas and absorp- 
tion coefficients are thought of, practical engineer 
and theoretical scientist alike might keep the 
following facts clearly in mind. 

(1) Reverberation chamber absorption meas- 
urements are not direct measurements of 
absorption. 

(2) If auditoria are similar acoustically to the 
reverberation chamber, a reverberation time 
formula, used in both auditoria and chamber, 
may be expected to yield correct results of 
reverberation time even though the formula may 
not accurately describe the decay of sound energy. 

(3) If auditoria are not similar acoustically to 
the reverberation chamber, coefficients of absorp- 
tion derived from the chamber may not be 
expected to yield correct calculated reverberation 
times in auditoria even though the same formula, 
with its special method of joining together the 
decay histories of identifiable components found 
in the chamber, is used in both chamber and 
auditoria. 


(4) The problem involving auditoria and re- 
verberation chambers will be solved when, for 
every type of chamber and absorption material 
configuration, there is derived an array of decay 
histories of identifiable components which will 
yield a series of ‘‘true’’ coefficients of absorption, 
functions of angle of incidence, frequency, etc.; 
and when, for every type of auditoria, there is 
derived an array of decay histories of identifiable 
components which will yeild, when using the 
appropriate “‘true”’ coefficients of absorption, a 
calculated over-all decay history in agreement 
with experiment. 

(5) The engineer, with little time for theoretical 
research, could well follow the policy of making 
studies with auditoria and chambers made 
acoustically similar. By this approach the detailed 
structure of modes of vibration need not enter 
upon the scene. 

(6) The theoretical student, on the other 
hand, would wish to bring out the detailed 
structure of modes of vibration as vividly as 
experiment and analysis will permit. From small 
beginnings he will ultimately arrive at the con- 
ditions described in (4). 

(7) Probably too little attention has been 
given to the study of the very first portion of the 
sound decay. Undoubtedly the direct sound and 
the first few reflections play an important part as 
one listens to speech in an auditorium. 
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F. R. Watson, University of Illinois, Urbana, Illinois 


HE recent advances in the theory of rever- 

beration in terms of the normal modes of 
vibration is gratifying, and the application of the 
theory to the determination of sound-absorption 
coefficients is even more welcome. 

For this Symposium, three considerations 
appear to me to merit attention. First, the time- 
decay curves in reverberation measurements 
usually show two different slopes, a fact which 
may throw some light on the different values of 
coefficients found by instrumental methods com- 
pared with ear-listening. Instrumental measure- 
ments are usually taken over a range of rather 
high intensities where the slope is steep, while ear 
measurements, starting with sounds of moderate 
intensities that the ear can stand and continuing 
to the threshold, usually cover a wider range so 
that the average slope is less. Data taken at the 
University of Illinois invariably give larger 
values of absorption coefficients by instrumental 
methods than when taken by the ear. 

The second matter to which I would call 
attention is the simplicity of the “‘beam’’ method 
for measuring absorption coefficients compared 
with the reverberation method. Normal modes of 
vibration are eliminated if measurements are 
taken outdoors. A further advantage by the beam 
method is that transmission coefficients can be 


obtained simultaneously with the absorption 
data. The writer for several years has been the 
unhappy chairman of a committee to devise 
standards for measuring absorption and trans- 
mission coefficients. Thus far, in spite of many 
meetings and provisional reports, the committee 
has been unable to agree on even tentative 
standards of measurement. It should be remarked 
that transmission coefficients of partitions de- 
termined by observing the sound levels in two 
rooms separated by the partition are subject to 
the same normal mode difficulties that are found 
for the absorption data. The beam method thus 
offers a simpler method of measurement, with the 
likelihood that different observers may obtain 
the same values of coefficients within experi- 
mental variation, thus furnishing a more reliable 
means of comparing various materials. 

The third point concerns the application of 
coefficients in the correction of rooms. It is 
already apparent that absorption and trans- 
mission coefficients, determined in small reverber- 
ation chambers or even by the beam method, are 
not directly applicable with any certainty to 
calculation of conditions for the control of sound 
in rooms. Further information on this phase of 
the problem appears vital to the complete 
solution. 


V. O. KNUDSEN, University of California, Los Angeles, California 


T is gratifying to witness the recent develop- 

ments in room acoustics made possible by a 
study of the normal modes of vibration in a 
room. Since 1931, at which time I made a 
study of ‘‘Resonance in Small Rooms’’ by means 
of oscillographic records of the decay of low- 
ordered normal modes of vibration, I have been 
convinced that reverberation consists of the 
damped normal vibrations in a room; and that 
the difficulties which have beset the measurement 
of sound absorption coefficients would not be 
resolved until the asymptotic law of Sabine was 
replaced by a more valid law. Drs. Philip M. 
Morse, F. V. Hunt, Richard H. Bolt, and Mr. 
D. Y. Maa, all members of this Society, and 
several European investigators, have made im- 


portant contributions to this new and necessary 
theory. In Dr. Hunt’s contribution to this sym- 
posium we have seen with much satisfaction that 
this new theory is capable not only of ex- 
plaining many of the difficulties which have beset 
measurements in the past, but also of predicting 
the outcome in the rate of decay of sound in a 
room with specified boundary conditions. 

This new approach to room acoustics is of 
more than academic interest—it is essential in the 
problems of acoustical design. For example, it is 
a serious mistake to treat with highly absorptive 
material only the ceiling of a room having hori- 
zontal dimensions which are not considerably 
greater than the ceiling height. I cited an ex- 
ample (Reviews of Modern Physics, January, 
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1934) of the difficulties which exist in a small 
room when the ceiling only is highly absorp- 
tive and the walls highly reflective. In a room 
8’<8’X9}’ high, with the ceiling only treated 
with a material having a rated absorption 
coefficient of 0.55 at 512 cycles, the first part of 
the decay curve (the first 16 db of decay) indi- 
cated that the time for a decay of 60 decibels 
would be 0.61 second, which agrees fairly well 
with the predicted value based on the old 
reverberation equations. If the latter part of the 
decay curve is used (from 16 to 40 db below 
initial intensity), the time for a decay of 60 db 
would be 1.54 seconds. This room with only the 
ceiling treated, like many other small rooms 
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similarly treated, would have decidedly poor 
acoustics—the room would be both “‘boomy” and 
reverberant. The new theory predicts why such 
treatment is unsatisfactory, and will point the 
way to the proper treatment of each room. 

Although the mathematics involved may seem 
formidable to some engineers, and frightening 
to some architects, I am confident that simplif- 
cations will be found which will place this new 
theory on a practical basis such that it can be 
used for routine calculations not only in the 
measurement of sound absorption coefficients 
but also in predicting the outcome in acoustics 
in all rooms. 


Concluding Remarks 


F. V. Hunt, Harvard University, Cambridge, Massachusetts 


An outstanding feature of this symposium is 
its illustration of Professor Eyring’s remark that 
the ways of the practicing engineer and the re- 
search scientist must first diverge. If Mr. Potwin 
and Mr. Maxfield had set out to propose a diff- 
cult analytic problem rather than to build a room 
that would be acoustically excellent they could 
not have surpassed the World’s Fair Voder room. 
It seems to be squarely up to the research men to 
meet this challenge. In the meantime the acousti- 
cal material manufacturers and the testing 
laboratories seem to be caught between the 
engineers who need coefficients for scatter dis- 
tributions in irregular rooms and the research 
men who predict consistent measurements only 


under very different conditions. Mr. Parkinson's 
suggestion of a clearing house committee for the 
correlation of absorption measurements appears 
to be a timely one. In spite of the normal-mode 
theorist’s dissatisfaction with diffusing agencies 
in the reverberation chamber, the degree of 
consistency among chamber coefficient measure- 
ments reported by Sabine, Chrisler, Parkinson 
and Field is good evidence that the ‘battle of the 
coefficients” has been over for some time. The 
rapidly expanding study of normal modes of 
vibration indicates that we may soon have a 
permanent peace. Certainly we may conclude 
that the past ten years have been stirring times 
in the field of architectural acoustics. 
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Supersonic Dispersion in Vapors 


WILLIAM RAILSTON 
King’s College, Newcastle-upon-Tyne, England 
(Received January 12, 1939) 


Measurements have been made of the velocity and absorption of supersonics in eleven vapors 
at several frequencies, using the Pierce method. Two of the vapors—carbon disulphide and 
benzene—showed change of velocity with frequency, but in the remaining nine no certain change 
of velocity could be established. All the vapors absorbed supersonic energy to a greater extent 
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than the Stokes-Kirchhoff theory predicted. 





INTRODUCTION 


NUMBER of investigations into the ve- 

locity and absorption of supersonic radia- 
tion in gases and liquids have been made in the 
decade which has elapsed since the discovery of 
piezoelectric and magneto-strictive sources for 
frequencies above the audible limit. It was a 
natural development of this work to study the 
corresponding properties of vapors. The only 


APPARATUS 


The underlying principle of the method is that 
of the Pierce acoustic interferometer. Quartz 
oscillators were used as sources but considerable 
difficulties were experienced in designing a suit- 
able mounting for the crystals which would allow 
them to oscillate in the vapors of organic solvents 
and at temperatures up to 100°C. After tests of 
amberoid, ebonite, Bakelite, compressed fibre, 


:on’s previous work in this class appears to be that of marble, slate and glass as materials for sepa- 
- the Richards and Reid! on carbon disulphide vapor. ators in the mounting the last-named was 
saa Though they found difficulty in reproducing adopted as possessing the fewest disadvantages. 
node results they proved the existence of dispersion, Its outstanding defect was the drop in surface 
ncies They did not measure the absorption, merely resistivity which occurred when its surface be- 
e of stating that carbon disulphide vapor was highly ame contaminated with vapors which had poor 
sl absorptive in the frequency range (90 to 450 insulating properties, but its bulk was impervious 
ieaiiad kc/sec.) in which they worked. to penetration by liquids or vapors so that its 
f the In the present research are described measure- dimensions were altered only by temperature 
The ments of velocity and absorption of supersonic changes. The coefficient of expansion of soft 
's of waves at several frequencies between 100 and glass woe Soe enough to that of quartz to cause 
ve a 2000 kc/sec. in the vapors of nine organic and an increase of air gap of only three percent when 
‘lude two inorganic liquids. The organic substances * crystal om thick was raced in temperature 
imes included halogen derivatives of paraffins, an from 20° to 100°C; a change too small to alter 


aromatic compound, aliphatic alcohols, an ether 
and an aliphatic ketone. They were chosen to 
represent different types of molecule and to 
have a fairly large vapor pressure at temper- 
atures up to 100°C. Additionally, those sub- 
stances which have been tested for dispersion 
(in the liquid state) by Biquard? were included. 
(He found large absorption in benzene and 
chloroform, but no measurable dispersion of the 
velocity. ) 


tW. T. Richards and J. A. Reid, J. Chem. Phys. 2, 193 
(1934), 


? P. Biquard, Ann. de physique 6, 195 (1936). 


the frequency or intensity of the oscillations. 

In the early experiments vapor was supplied 
by pouring a little of the liquid into the con- 
tainer itself or by connecting it to a side tube 
acting as a reservoir, maintained at the same 
temperature as the vessel by enclosing both in 
the same bath. Thus the vapor was saturated 
and readily tended to stop the oscillations of 
the quartz by condensing on it. The normal 
period for which oscillation continued under 
these conditions was from ten to twenty minutes, 
a period insufficient to ensure constancy of 
temperature throughout the vessel and to take 
the measurements. It was therefore decided to 
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have the space unsaturated. This was easily 
secured by placing the liquid reservoir in a 
small metal box attached to the side of the bath 
surrounding the container in such a way that 
heat reached it from one side only. This simple 
device ensured that the temperature of the 
liquid in the reservoir was always less than that 
in the container, when the bath heater was in 
use. The tube connecting the reservoir to the 
vapor container was lagged to prevent condensa- 
tion in it. It was inclined for the greater part of 
its length, so that, in the unlikely event of con- 
densation in it, the liquid would run back into 
the reservoir. 

Air freed from carbon dioxide and moisture 
could be drawn through the apparatus at will. 
The train of tubes for washing the air for this 
purpose was attached to the tap E (Fig. 1). 
The object of the tap A was to isolate the whole 
apparatus from the pump. Tap B was left open 
after the containing vessel had been evacuated 
to test with a manometer whether it remained 
airtight. It was closed before vapor was ad- 
mitted into the container. Tap C was closed 
when the container had been filled with un- 
saturated vapor from the reservoir. By discon- 
necting the train of tubes from the tap E, liquid 
could be poured in to fill the space between D 
and E. By closing E and opening D the liquid 
could then be introduced into the evacuated 
reservoir without admitting air. 

In the container itself the source M faced the 
reflector R on the end of the screw F, passing 
through the packed gland G. The latter was 
attached to a flat, ground, brass plate which was 
made to press a rubber gasket against the 
mouth of the container by tie rods H, H fixed toa 
metal base on which the vessel stood. The 
pressure on the gasket could be increased by 
turning thumbscrews on the rods. This method 
produced an airtight joint which could be made 
or broken in a few seconds. Vacuum grease was 
not used on the joint or in any other part of the 
apparatus since it was soon removed by the 
solvent vapors. To lubricate the taps a thin 
paste made of powdered graphite and sulphuric 
acid was first tried but the final choice was 
glycerine. This needed to be renewed at intervals 
of two days but was satisfactory in use. Through- 
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out the apparatus no jointing material was used 
for rubber-glass junctions, only a little glycerine 
was smeared round the glass to make its separa. 
tion from the glass easier. Glass to rubber joints 
made in this way rarely leaked. 

The driving circuit was of the push-pull type, 
employing a pair of PX25 tubes. The variations 
in anode current with setting of the reflector 
were recorded on a galvanometer equipped with 
backing battery. 

A stream of dry air was first passed through 
the apparatus. It was then evacuated and tested 
for leaks with a manometer. The oscillator was 
switched on and the liquid whose vapor was to 
be tested was admitted to the reservoir. A little 
air, which the pump could not remove, remained 
in the container. Its pressure was measured to 
enable a correction to be made to the velocity 
results. The temperature in the oil bath sur. 
rounding the container had already been at the 
required value for an hour, having been set 
before the crystal oscillation was started. As an 
extra precaution to ensure that temperature 
equilibrium had been reached, the apparatus 
was left untouched for five to ten minutes longer. 
Then the temperatures of the container and 
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Fic. 1. Crystal container and liquid reservoir in oil bath. 


reservoir were noted and the apparatus was 
ready for taking measurements. 

Movement of the reflector was now com- 
menced. The screw positions at which maxima on 
the galvanometer occurred and the values of the 
maxima were observed, over as large a number of 
half wave-lengths as possible. The frequency was 
measured on a wave meter accurate to 0.1 
percent. So the velocity of the supersonics at 
the temperature of the vapor was calculated. 
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Wide variations in the care required in taking 
measurements were observed in the different 
vapors. All were more difficult to use than gases, 
but the vapors of benzene, acetone and ether 
were particularly intractable. This was due to 
their low dielectric strength, which in each case 
was much less than that of dry air. The effect 
of these vapors on the crystal was to stop its 
oscillation within twenty or thirty minutes of 
their admission. A hood of thin, closely woven 
silk placed over the crystal mounting lengthened 
its “‘life’’ of oscillation to a period adequate to 
allow two or three sets of readings to be taken. 

The principle of determining the absorption 
coefficient was a very indirect one. The resonant 
reaction of the vapor column caused variations in 
the P.D. across the crystal. These variations were 
impressed on the grids of the valves, which acted 
as rectifiers. The changes in the rectified anode 
current shown on the galvanometer were taken 
as a measure of the variations in the P.D. 
across the crystal. The latter were assumed to 
represent the intensity of the reflected sound 
falling on the crystal. The process has not the 
simplicity that first acquaintance might suggest. 
Implicit in its working is a linear relation be- 
tween the driving P.D. on the crystal and the 
intensity of the outgoing supersonics. A similar 
relation is assumed to hold between the reflected 
supersonic intensity and its effect on the driving 
P.D. of the crystal. However, Klein and Hersh- 
berger® state that it is legitimate to make these 
assumptions provided the P.D. across the crystal 
is constant when the reflector is in corresponding 
positions. The P.D. could be measured in the 
writer's apparatus by a galvanometer after the 
current through the crystal had passed through a 
Westinghouse metal rectifier. The P.D. could 
then be adjusted by means of a 1000-ohm 
rheostat in the plate circuit of the oscillator; 
however no large variations in the P.D. were 
ever observed. The logarithms of the difference 
of maximum and minimum galvanometer deflec- 
tions were then plotted against the distance 
between them and the absorption coefficient 
calculated from the slope of the best straight 
line which would fit them. 


*E. Klein and W. D. Hershberger, Phys. Rev. 37, 760 
1), 


(1931) 
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The absorption in dispersive vapors is due to 
both molecular absorption and scattering. Addi- 
tionally in any gas or vapor, whether dispersive 
or not, there is some apparent absorption due to 
spreading of the radiation as it leaves the crystal, 
whereby the peak readings diminish as the re- 
flector is drawn back. The amount of this 
diffraction depends on the supersonic frequency 
and the ‘‘aperture’’ of the supersonic source. 
The measured “absorption” in air is almost 
entirely diffractive. It was therefore measured 
at each of the frequencies used for absorption 
measurements in the vapors, and was subtracted 
from that found in the vapor. The diffraction 
was small except for the lowest frequency used. 
Nevertheless the accuracy claimed for the ab- 
sorption coefficients is only 20 percent. 

The velocity results given in Table II are the 
mean of at least three individual velocity meas- 
urements. The mean percentage accuracy of 
individual velocity measurements is as follows: 
0.5 at 27.8 kc/sec., 1 at 465 kc/sec., 1.3 at 695 
kce/sec., 2.5 at 1000 kc/sec. 

The friction effect of the finite width of the 
container on the velocities was negligible. At 
97.8 kc, the lowest frequency used, the Helm- 
holtz-Kirchhoff correction for finite width of tube 
amounted to only four parts in 10° for carbon 
disulphide. It was of the same order for the 
other vapors. At higher frequencies, the effect 
was, of course, still smaller. 

It was essential in this research that all 
variable factors except that of frequency should 
be excluded. A thermostat was provided to keep 
constant the important factor of temperature. 
For each substance a suitable temperature of 
the experimental vessel had to be chosen for the 
series of velocity and absorption measurements at 
the different frequencies. The choice of tempera- 
ture was governed by two requirements. The 
first was the existence of a lower limit in the con- 
tainer below which consistent measurements of 
velocity and absorption could not be made. 
Hence the temperature chosen was required to 
be large enough for an adequate vapor pressure 
to be produced above the liquid in the reservoir. 

The second requirement was concerned with 
comparison of the velocity results measured at 
high frequencies with those already measured at 
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TABLE I. Summary of absorption results (corrected for diffraction). 








FREQUENCY IN KC/SEc. 

































































97.8 465 695 
senegal 
; ke |ke ; ke |ke kp 
VAPOR AX10'\ke X10} ke = = 102 |ke X103] ke = = 102 |ke X10} kp Fe =F 101 
Carbon disulphide 0.85 | 2.0 | 1.2 | 600 | 126 43 |24 |s6 | 11.1 | 101 | 23 | 23 | 4g 
Benzene 98°\ 23 1.0 435 105 50 | 1.6 a 7.4 116 | 1.9 16 3.9 
Chloroform 1.6 6.5 4 108 73 140 | 1.0 ia 4.6 328 | 1.1 S41 23 
Methylene chloride N.D. oy f 73 1.1 5.1 1.4 2.9 
Ethyl alcohol 1.8 2.5 Yj 280 73 54 8 15 ot 126 | 1.0 7.9) 24 
Acetone 25 | 2.7 5 185 52 58 re | 12 Sik 135 By 5.2 1.5 
Ethyl iodide N.D. A5 47 6 2.8 8 1.7 
Carbon tetrachloride 1.1 4.6 35 76 37 99 4 4 1.8 232 a 2.2 62 
Ethyl ether 6.1 234 oe 95 21 45 By 4.4 1.9 106 B 2.8 62 
Methyl iodide N.D. a3 16 A PY | a Al 
Methyl alcohol 7 1.4 05 36 5.3 30 05 1.6 BY 71 05 FY 3 
A =Lebedew’s constant =kcd?. n=frequency in cycles/sec. kc =Stokes-Kirchhoff value of k. kg =experimental value of k. 
N.D.=necessary data for calculation not available. 
TABLE II.—Summary of velocity results.* 
FREQUENCY IN KC/SEC. AUDIBLE 97.8 465 695 1000 1800 
VAPOR tc V v?x10-4 V v?x10-4 V v?x10-4 V v2x<10-4 V v?x10-4 V v2x10-4 
Carbon disulphide 45 202 4.08 | 203 4.12 | 210 4.41 | 211 4.45 | 214 4.58 | 216 4.67 
Benzene 90 200 4.00 | 198 3.92 | 200 4.00 | 202 4.08 | 207 4.28 | 208 4.33 
Chloroform 70 153° 234°) 354 237) | He 237-1 155) ZAG | Tse. 250 
Methylene chloride 43 176 3.10 1277 SS | ts S17 | 88° [347 | BS oe 
Ethyl alcohol 80 266 7.08 | 262 6.86 | 263 6.91 | 264 6.97 | 262 6.86 
Acetone 58 208 4.33 | 210 4.41 | 208 4.33 | 211 4.45 | 211 4.45 
Ethyl iodide 76 N —- 151 228 | 132 2.3511%955 240 | 354 27 
Carbon tetrachloride 77 150: 2:25 | 151. 2.28.) 333 2:54 | 32 (2:31. 1 932 231 
Ethyl ether 35 186 3.46 | 188 3.53 | 187 3.50 | 185 3.42 | 186 3.46 
Methyl iodide 43 N = is2 25 154 2:3/ | 154 237 | 155 240 
Methy] alcohol 67 S41 11:6 | 358 124 1 S36 Ths | S4t ‘11:6 |-506 fA 























ic =temperature of container in degrees centigrade. V =Velocity 


in meters/sec. at tc®. N =not known. 


* The maximum percentage of volatile impurities (excepting water) in any of these substances did not exceed 0.05 percent. Each substance 


was carefully treated with the appropriate drying agent before use. 


audible frequencies (where they were known) by 
other workers. For the vapors of ethyl alcohol, 
carbon disulphide and ether there is a linear law 
of the type V,=Vo(1+aé@)* connecting the 
values of the sonic velocity at different tempera- 
tures (0). The law differs from that for gases in 
respect of appreciably different values of a@ for 
different vapors. So the velocity results of other 
workers at temperatures different from the 
author’s could readily be corrected to allow a 
comparison to be made. For the vapors of the 
other eight substances used there is no known 
law connecting velocity and temperature, under 
saturated conditions. It could have been assumed 
that since the vapors were unsaturated, a linear 
law would hold. However there are no experi- 
mental data to support this, so a plan to make a 
more reliable comparison was made. This was to 


select from the results of other workers, values of 
velocities at audible frequencies at temperatures 
which allowed the first requirement to be satis- 
fied. Such values were available for all the 
substances except methyl iodide and ethyl iodide. 
Their accuracy however, is in doubt in some 
cases. 


DISCUSSION OF RESULTS 
(a) Absorption 


The experimental values (kg) of the intensity 
absorption coefficient differ greatly from those 
(kc) calculated from the Stokes-Kirchhoff equa- 
tion. For example, the value of the ratio kz/ke 
for carbon disulphide (the most highly absorbing 
vapor tested) is 600 at 97.8 kc, falling to 23 at 
695 kc. Methyl alcohol, the least absorbent of 
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the vapors tested, has a value of 36 for kz/ke at 
97.8 ke falling to 0.7 at 695 kc. The latter value 
is the only one which is less than unity, but the 
result is not unprecedented. Richardson’s meas- 
urements‘ in oxygen have, in some cases, values 
of ke/kc less than unity. 

Of the dispersive vapors, carbon disulphide 
shows a definite absorption maximum in the 
neighborhood of 465 kc. Acetone, though not 
shown to be dispersive by the velocity results, 
has an absorption maximum in the region of 
600 kc. It cannot be said with certainty from 
the absorption results alone whether the absorp- 
tion maximum has been reached at 695 kc. for 
benzene. This vapor is shown to be dispersive by 
the velocity results. The flattening of the absorp- 
tion curve shows that it is being approached and 
it is probably completed at 1000 kc. The appa- 
ratus was incapable of giving reproducible ab- 
sorption results at the latter frequency, so a 
reliable test could not be made; but additional 
evidence is provided by the velocity results. 

It was found that for the vapors of benzene, 
methylene chloride, carbon tetrachloride, ethyl 
ether, methyl iodide and methyl alcohol, there 
was an approximately linear increase in absorp- 
tion with frequency. Working with liquid acetic 
acid, Bazulin® has found a similar variation. 
These results are, of course, contrary to the 
classical theory. The presence of absorption 
maxima was clearly shown in liquid carbon 
disulphide and acetone. 


(b) Velocity 


The case of carbon disulphide is of special 
interest since comparison can be made with 
values calculated from the results of Richards 
and Reid.' These values are plotted with those 
of the author on Fig. 2. Their slightly higher 
values may have been due to the presence of 
water vapor. They mention that their sample 
was not highly pure and the most likely volatile 
impurity in carbon disulphide is water. How- 
ever the discrepancy is not large and it decreases 
with rising frequency. Its magnitude is exagger- 
ated on the graph, since the square of the velocity 
is plotted. The amount of the increase in velocity 





*E. G. Richardson, Proc. Roy. Soc. 477, 533 (1935). 
*P. BaZulin, Comptes rendus Acad. Sci. (U.R.S.S.) 5, 
285 (1936). 
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Fic. 2. Variation of (velocity)? with frequency for dis- 
persive vapors. Upper curve, CS: (Richards); center curve, 
CS, (Railston); lower curve, CgH¢ (Railston). 


with the frequency range up to 1800 kc is six 
percent of the low frequency velocity. 

Confirmation is given to the suggestion made 
from the absorption results, that the absorption 
maximum for benzene lies between 695 kc and 
1000 kc. The dispersion shown up to 1800 ke 
amounts to four percent of the low frequency 
velocity. A curious feature is the fall in velocity 
between audible frequencies and 100 kc. This 
was not to be explained by an error in the meas- 
urement at 100 ke for it was checked several 
times, and further, at 465 kc the velocity had 
just recovered its low frequency value. The 
amount of the fall (one percent) is larger than 
the experimental error involved. A fall of this 
kind is shown in Richardson’s results‘ for carbon 
dioxide. 

Though small changes with varying frequency 
occur in the velocity values for the remaining 
nine vapors, there is no definite evidence for 
dispersion exceeding two percent in the fre- 
quency range covered. Since all diatomic and 
polyatomic molecules have vibrational energy, it 
follows that all should show supersonic dis- 
persion. In these vapors it seems that it must 
be sought at frequencies above 1000 kc. This 
region presents considerable experimental diffi- 
culties in highly absorbing media, because of the 
thinness of the crystals to be used and their 
consequent small power output. 

It is noteworthy that of the two vapors found 
to be dispersive both show strong Raman spectra 
and Tyndall scattering. Richardson‘ pointed out 
this connection for the dispersive gases carbon 
dioxide, nitrous oxide and sulphur dioxide. 

The results of Biquard’s work? on liquids show 
that, of the compounds used by the writer, only 
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benzene shows any change of velocity with 
frequency. His values of the absorption coeff- 
cient for liquid benzene, chloroform, acetone and 
ether are all much larger than those calculated 
from the classical theory. They decrease in the 
order given. This is in agreement with the 
writer’s results for vapors, though of course 
they differ in magnitude. 

For acetone and chloroform, however, Biquard 
finds that in the variation of the absorption 
coefficient k with frequency f, though not in its 
magnitude, the classical theory is approximately 
obeyed, so that 


k/f?=a constant. 


The present writer did not find any vapor for 
which this was true. 


RAILSTON 


In attempting to explain the high values of 
absorption coefficients in gases, vapors and 
liquids, a theory of Lucas* seems significant. 
He suggested that irregularities in a medium, 
such as solid particles irregularly suspended in a 
liquid, or small fluctuations in density, could 
disperse sound. Scattering of supersonic energy 
has been observed in carbon dioxide gas by 
Richardson and in liquid toluene by Biquard, 
It would not be surprising if similar scattering 
were found in vapors. 

I wish to express my indebtedness to Dr. E, 
G. Richardson for valuable advice and to Pro. 
fessor W. E. Curtis for the excellent facilities 
provided. 


6 R. Lucas, Comptes rendus 203, 459 and 611 (1936), 
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A sound having a spectrum evenly and continuously distributed over the audiofrequency 
band is proposed as a reference sound for subjective noise tests in order to permit of subjective 
determinations being made in any surroundings instead of only in a heavily damped room as at 
present. Examples are given. The relation between loudness of a single pure tone and a con- 
tinuous spectrum sound is given, together with some observations on the relative sensitivity of 


various parts of the cochlea. 





HE accepted method of stating the loudness 

of a sound is to give it in terms of a 1000~ 
note which an “‘average’’ observer judges to be 
equally loud. The intensity of this 1000~ note, 
expressed in db above an arbitrary value of 
0.0002 dyne/cm? is deemed to be the loudness 
of the noise in ‘‘phon.”’ 

It is explicitly stated that in determining the 
loudness of a sound in phon, the listening com- 
parison with the 1000~ reference tone is carried 
out under free space conditions, that is, that the 
observer hears only free progressive sound waves. 
In the past this has confined loudness determina- 
tions to a few laboratories possessing special 
equipment and a number of skilled observers. 

The measurement of the loudness of a sound, 
as distinct from the measurement of sound 
pressure, is becoming more and more a necessity. 
It has been found that the ‘free space” condi- 
tions, required for the determination of the loud- 
ness of a sound in “phon’’ can frequently not be 
obtained; or, if they are obtained, the sounds 
whose loudness are to be determined are no 
longer in their normal conditions. One or other 
of these two cases covers the majority of sounds 
normally heard. 

The 1000~ reference tone was originally used 
to compare the loudness of two single tones of 
different frequency. It was merely chosen as a 
convenient reference standard, easy to specify, 
produce and maintain. However, the fact that 
it is a single frequency, makes it usable only 
with a free progressive plane wave. Otherwise, 
standing wave phenomena will prevent an ob- 
server from making a satisfactory determination 
of the loudness of the reference tone. If the 


1000~ reference tone is ‘“‘warbled,’”’ that is 
rhythmically slightly displaced in frequency 
about a mean position of 1000~, it has been 
found that, while a microphone can be made to 
indicate the average energy in the warbled band 
of frequencies, the ear will frequently be de- 
ceived by the great change which occurs in 
loudness if the warbled frequency happens to 
sweep through a principal node and antinode in 
the standing wave pattern. 

On the other hand, if a sound having a con- 
tinuous spectrum with average equal intensities 
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Fic. 1. Relation between intensity of noise and intensity 
of 1000~ note judged to be equally loud. 
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in all bands is used, no standing wave phenomena 
will be observed, either in listening, or by meas- 
urement. Practical tests have confirmed this 
supposition. 

In order to determine the feasibility of using a 
continuous spectrum as a reference sound, it 
was decided to investigate the behavior of the 
ear to a sound of this type. This investigation 
was carried out by determining the loudness in 
“phon”’ of a continuous spectrum sound for all 
phon values between 0 and 100. The result is 
shown in Fig. 1. The intensity of the continuous 
spectrum sound is deemed to be equal to that 
of the 1000~ tone, when the average instan- 
taneous value of the r.m.s. sum of all the com- 
ponents together equals the intensity of the 
1000 ~ tone. In the production of the continuous 
spectrum sound, care has to be taken that, on 
the average, all frequencies are present to the 
same extent. Fig. 2 shows the frequency dis- 
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Fic. 2. Sound pressure response of complete system used 
in noise tests. 


tribution of the amplifiers and loudspeakers used 
in the tests, measured at the ear of the listener. 
This response curve is not ideal, but was the best 
which could be obtained. It is thought that the 
variations of response which occur are not of 
much account, as they do not extend over con- 
siderable frequency bands, the general shape 
being horizontal. 

The equal loudness judgments were made by 
ten unskilled observers, each observer making 
five determinations. The arithmetic means of 
each observer’s five determinations were again 
averaged, and this average value plotted in 
Fig. 1. 

Figure 3 shows the mean curve for the 
threshold of hearing, measured in free space, for 
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the ten observers used and compares it with the 
mean curve published by Sivian and White. 
The observers used appear to be quite normal. 
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Fic. 3. Free space threshold of audibility (mean of ten 
observers). Dotted curve, Sivian and White; solid curve, 
GCC. 


THE AUDITION OF A CONTINUOUS 
SPECTRUM SOUND 


It is interesting to observe the behavior of the 
ear to sound of a wide frequency band of uniform 
intensity, as compared with a single frequency, 
as the loudness is increased from the threshold 
of audibility. It will be noticed from Fig. 1 
that the intensity of the continuous spectrum 
sound is 19 db more than that of the 1000~ 
tone. At first sight, it might be expected that the 
two intensities would be equal, but this would 
require the ear to sum the energies in all the 
frequency bands between 40 and 15,000 ~, which 
were the limits of the continuous spectrum used. 
This is highly improbable, since the energy in 
any one band of, say, 100~ wide would be far 
below threshold, even for those frequencies where 
the threshold of audibility is lowest. If, however, 
the band of frequencies where the threshold is 
lowest is considered, from about 2000 to 4000~, 
it is found that the mean energy in the band is 
equal to a just audible 1000~ tone. Is the ear 
capable of summing a number of frequencies, 
the individual frequencies of which are totally 
inaudible? 

Since rectification in the ear at low volumes is 
small, the summing must be done by the brain 
in respect of the nerve pulses which it receives. 
Yet the nerves fail to respond to a stimulus of 
less than a certain amount, the threshold of 
hearing. The ‘telephone’ response from the 
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vicinity of the ‘fenestra rotunda’’ does not 
appear to take any part in the detection of 
threshold intensities. On the other hand, while 
the mean energy over some considerable time, in 
any small band of frequencies, is constant, the 
peak values may be much higher than the mean 
values, and may even be greater than the 
threshold of audibility for that narrow band of 
frequencies. Similarly, nerves may be stimulated 
in neighboring frequency bands, and the brain, 
summing the response from the various nerves, 
hears the sound. 

As the intensity of the continuous spectrum 
sound is increased, its loudness in phon increases 
rapidly, and at 25 db above threshold, the in- 
tensities of the continuous spectrum sound and 
the 1000~ reference tone are equal. This is to 
be expected, due to the local masking and fatigue 
produced by concentrating all the energy at one 
frequency, and therefore, in one part of the 
cochlea. As the intensity of the continuous 
spectrum sound is increased, its loudness in- 
creases, but at a less rapid rate. At low intensities, 
nerves from successively greater and greater 
lengths of the cochlea become activated, as the 
intensity of the sound is raised to their threshold 
level, producing the rapid increase in loudness 
observed. At high intensities, the whole length 
of the cochlea is activated, and as a result, the 
increase in loudness of the continuous spectrum 
sound is equal to the increase in loudness of the 
1000~ tone. 


PRACTICAL APPLICATIONS 


In order to demonstrate the practical advan- 
tages of continuous spectrum noise, a number of 
loudness determinations were carried out, taking, 
in each case, the average results from ten ob- 
servers. Firstly, the loudness of a small domestic 
refrigerator was determined by the standard 
phon technique. Then the 1000~ comparison 
tone was replaced by a continuous spectrum 
noise and the experiment repeated. The results in 
this case are not phon, but simply the intensities 
of continuous spectrum noise judged to be as 
loud as the refrigerator. These intensities were 
converted into phon by the relationship shown in 
Fig. 1, which had previously been determined. 
The loudness of the refrigerator, determined by 
the normal phon technique, was found to be 50 
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phon at a distance of six feet from the machine. 
The determination of the loudness of the ma- 
chine, using the continuous spectrum noise in 
place of the 1000~ tone, was found to be 47 
phon. Both these tests were carried out under 


conditions approximating closely to free space. 
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Fic. 4. Solid curve, sound intensity due to loudspeaker 
in free space. Dotted curve, sound intensity due to loud- 
speaker in live room. 


The refrigerator was now transferred to a small 
live room such as that in which it would normally 
be installed. It was quite impossible to make 
loudness determinations using the normal 1000~ 
reference tone procedure due to the “‘liveness’”’ 
of the room and the resultant standing waves. 
It was found that the continuous spectrum sound 
could be used just as conveniently as in the free 
space conditions. The results of the loudness 
determinations showed that the refrigerator 
appeared to be 10 phon louder in this particular 
live room than it did by the same method of 
measurement in free space. 

As a rough check on the properties of the live 
room, the frequency response of a small domestic 
loudspeaker, of rather low efficiency, was meas- 
ured by means of a warbled tone, firstly under 
conditions approximating to free space; and 
secondly in the position occupied by the re- 
frigerator in the live room. The two response 
curves so obtained are shown in Fig. 4. When the 
loudspeaker is operated at the same loudness as 
the refrigerator, there is a mean difference of 
about 12 phon between the two response curves, 
which gives some confirmation of the expected 
effect of the live room on a rather inefficient 
source of sound. 

A fairly general, though by no means complete 
bibliography follows for those interested in re- 
lated subjects. This bibliography has been di- 
vided into three parts: first, “‘Audition,’’ second, 
‘“‘Loudness,”’ and third, ‘““The measurement of 
noise.”’ 
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Fluctuation of the Hearing Threshold 
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N a prior investigation,! the integral law of 
apparent duration of sound for loudness levels 
ranging from 84 to 34 phons was studied. The 
further investigation of this law for loudness 
levels near the hearing threshold revealed a new 
phenomenon which was called: ‘‘fluctuation of 
the hearing threshold.”’ 

Figure 1 shows the experimental arrangement 
used. The cathode generator K furnished currents 
to the telephone T after modification by contacts 
on a rotating disk I and an attenuator A so as to 
create controlled sound impulses for an observer 
at the telephone. These impulses were arranged 
in groups of five with an interruption of four 
seconds between groups. Each impulse had a 
frequency of 1000 cycles per second, a duration 
of 0.4 second, with an interval of 0.6 second 
between impulses. The observer listened with 
only one ear, the second telephone receiver being 
cut out. 

At first the ear is given impulses with loudness 
levels of 40 phons, then the loudness is diminished 
by means of the attenuator A. At the beginning 
the observer hears five distinct impulses of 
apparently similar duration, Fig. 2(a), this dis- 


Fic. 1. Schematic diagram of apparatus. 


tinctness being very clear. Then, by attenuation, 
the impulses become fainter, seem to be shorter 
but still similar to one another in apparent 
duration (Fig. 2(b)). Then comes a moment 
when statistically either one or another impulse 
seems to be shorter than the others (Fig. 2(c)), 
and this time is designated: ‘‘the beginning of 
fluctuation of hearing threshold.’’ With further 
decrease of loudness, all the impulses seem to be 
dissimilar. Then comes the next distinct moment 


1S. Lifshitz, J. Acous. Soc. Am. 5, 31 (1933); 7, 213 
(1936). 
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when one of the impulses disappears entirely; 
instead of five there are audible only four 
(Fig. 2(d)). This is called “the middle of fluctua- 
tion.’’ With further decrease of loudness two 
impulses disappear then three, four, and finally 
only one remains, which seems to be singularly 
short. When this last impulse disappears the 
“hearing threshold,” is reached. 

At the beginning of fluctuation, Fig. 2(c), one 
or another of the impulses seem to be shorter 
than the others. This phenomenon may be 
explained only on an assumption that the im- 
pulse is becoming less loud and, according to 
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the integral law of apparent duration, seems to 
be shorter. This explanation is very probable 
because the loudness of the impulse is decreasing 
beyond the limits of hearing threshold, and there 
upon becomes inaudible (‘‘middle of fluctua- 
tion”’). One observer distinguished the beginning 
of fluctuation not by the apparent duration but 
by the difference in loudness. However, the ear 
most frequently does not perceive any difference 
in loudness between separate impulses at the 
beginning of fluctuation. Therefore a conclusion 
should be made that the individual’s ear deter- 
mines the duration of the tone more exactly 
than its loudness when near to hearing threshold. 

Table I records the experimental data for 17 
ears using 12 observers. The initials of the ob- 
servers are indicated in the first column; the 
second column indicates the ear (right or left), 
in case of measurements being made on both 
ears. Columns 3, 4 and 5 give data for the 
beginning, the middle and the end of the fluctua- 
tion of the hearing threshold for the given ear. 
Columns 6 and 7 give the beginning and the 
middle of fluctuation above the individual thresh- 
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Fic. 3. Summary of results. 


old in phons. Column 6 records the difference 
between columns 3 and 5, and shows for the 
average that the beginning fluctuation is 6 
phons above the individual’s end fluctuation 
(inaudibility). Column 7 likewise shows that the 
middle fluctuation is two phons above inaudi- 
bility. 

The individual measurements lie closely to 
these mean values. Thus, for the value of 
beginning of fluctuation, 11 measurements out 
of 17 lie between 5 and 7 phons, for the value 
of the middle of fluctuation 11 out of 17, i.e., 
65 percent, lie between 1.5 and 2 phons. Fig. 3 
shows all the experimental values. The ordinal 
numbers of the observers are along the axis of 
abscissas while the phons above the common 
threshold are on the axis of ordinates. 

The mean value for the middle of fluctuation 
(two phons) signifies substantially the amplitude 
of fluctuation of the threshold. Also, as a sound 
is diminished in loudness its perception becomes 
unsteady and uncertain when it is six phons 
above the end threshold. 

An examination of the technique of the usual 
investigation of the hearing threshold value 
indicates that the phenomenon of fluctuation 
could not be discovered. The final judgment of 
the moment of hearing threshold may be decided 
on the ground of either appearance or dis- 
appearance of the sound impulses or, perhaps, 
of their separate parts. Most probably, this 
threshold covers sounds to the ‘‘end of fluctua- 
tion,” or 2d in Fig. 2. 

Our experiments were conducted under usual 
laboratory conditions, without a specially dead- 
ened room, usually in the evening when quiet 
prevailed. The initial loudness of the impulse of 
40 phons was determined with reference to the 
standard phonometer, i.e., the absolute value of 


the hearing threshold was determined only with 
the exactness of the subjective method of com- 
parison; therefore the values obtained for the 
hearing threshold are to be considered only as 
approximate. 

The value of the hearing threshold averaged 
for 17 observations, as shown in Table I, is 
equal to 16.5 phons, i.e., to Sivian’s value of 
M.A.P. (minimum audible pressures) for hearing 
pressure threshold. The 16.5 phons in our deter- 
minations are equal to the sound energy of: 


5X<10-" watt /cm?. 


In the case of the most acute hearing (N.N., 
No. 1) the threshold was equal to 12 phons, i.e., 


1.6 10-'* watt/cm?. 


The fluctuation of the hearing threshold, accord- 


TABLE I. 











INDIVIDUAL 


COMMON THRESHOLD THRESHOLD 


(a) Be- (b) (c) 

No. OBSERVER GINNING | MIDDLE | END | (a)-—(c) (b)-(c) 
1|N.N 18.5 14 12 6.5 2 
2|N.A 21.5 19.5 | 18 3.5 £5 
3|V.M 22 19.5 | 18 + 1.5 
41S. J 25 22 21 3 1 
$i. 21 18 16 5 2 
6|A.A y Bh 18.5 | 15 10.5 3.5 
7|U.D. 25 20 15 10 5 
8 | N. A. right | 23 18 26 7 2 
9 | N.A. left 22 18 15.5} 6.5 a0 
10 | R. B. right | 20.5 17 16 4.5 1 
11 | R. B. left 21.5 17 16.5) 5 0.5 
12 | U. D. right | 24 19 17 7 2 
13 | U. D. left 23.5 19 17 6.5 2 
14 | T. P. right 22.5 18.5 | 17 5.5 1.5 
15 | T. P. left 22 18.5 | 16.5) 5.5 2 
16 | A. P. right 23 19 17 6 2 
17 | A. P. left 23 19 17 6 2 


Mean values 22.5 18.5 “a 6 2 
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ing to our data, takes place on average between 
22.5 and 16.5 phons, i.e., between 


2X10" and 5X10-" watt/cm? 


and, in the case of most acute hearing, between 
18.5 and 12 phons, i.e., between 


6.4 and 1.6X10-" watt/cm?. 


This range lies much higher than the level at 
which we could hear the fluctuation of the air 
pressure caused by the molecular movement. 
According to calculations of Sivian and White? 
such a fluctuation was noticeable by the ear for 
the interval from 1000 to 6000 cycles/sec., not 
exceeding 10-7 watt/cm? (more exactly 6X 10-8 
watt/cm?). These data indicate that the fluctua- 
tion of the hearing threshold observed by us is 
not due to physical causes (molecular fluctua- 
tion), but must be ascribed to the effect of 
physiological causes. 

An inspection of Fig. 3, indicates that the 
beginning of fluctuation increases for different 
individuals with the increase in their hearing 
threshold. To verify this regularity we carried 
out a series of experiments with the fatiguing of 


TABLE II. 








AFTER 3 | AFTER 10 
MINUTES FA-; MINUTES FA- 
TIGUING BY | TIGUING BY 


A TONE OF | A TONE OF 
NORMAL 1000 CycLeEs,|1000 CyYCLEs, 
OBSERVER S. P. STATE 75 PHONS 75 PHONS 








Beginning of fluctua- 


tion 21.5 phons} 23.5 phons} 33.5 phons 
Middle 19 21.5 29 
End 17 21 26 


AFTER 3 MIN- 
UTES FATIGUING 
BY A TONE OF 





1000 CyYCLEs, 
OBSERVER S&S. J. NORMAL STATE 75 PHONS 
Beginning of fluctuation 21 phons 24 phons 
Middle 20 22 
End 19 21 


AFTER 1 MIN- 
UTE FATIGUING 
BY A TONE OF 








250 CyYCLEs, 

OBSERVER U. P. NORMAL STATE 104 PHONS 

Beginning of fluctuation 20 phons 23 phons 
Middle 18 20 
End 15 17 





2 L. J. Sivian and S. D. White, J. Acous. Soc. Am. 4, 288 
(1933). 
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the ear, i.e., with the artificial increase in the 
hearing threshold. The results of these experj- 
ments are given in Table II. 

The data in Table II show that after the 
fatiguing of the ear the value of its hearing 
threshold is greater, with a corresponding in- 
crease in the beginning of fluctuation. 

The experiments with the fatiguing of the ear 
are handicapped because the sensitivity of the 
ear is restored very quickly. In many cases, the 
hearing threshold of the fatigued ear is restored 
to the normal value during the process of fluctua- 
tion, as shown by a typical example (Table III). 











TABLE IIT. 
AFTER 3 AFTER 4 

MINUTES FA-| MINUTES Fa- 

TIGUING BY | TIGUING BY 

A TONE OF | A TONE oF 

NORMAL 250 Cycles, | 250 CycLes 

OBSERVER N. J. STATE 104 PHONsS | 104 Puons 

Beginning of fluctua- 

tion 19 phons | 25 phons | 26 phons 
Middle 17 ~- ~- 
End 16 17 17 














The middle of fluctuation could not be deter- 
mined during the last two experiments because 
the hearing threshold was changing rapidly 
approaching normal value. The experiments with 
the fatiguing of the ear confirm once more the 
conclusion that the phenomenon of fluctuation is 
to be accounted for by physiological causes. 

Possibly, the acoustic theory of Fletcher* will 
throw some light on these physiological processes. 
According to his theory, the loudness is to be 
determined by the number of nervous impulses 
passing to the brain from all the excited fibers of 
the basilar membrane. It is very likely that the 
fluctuation observed by us takes place because 
of the accumulation of nervous impulses within 
ranges near to hearing threshold occurring statis- 
tically. The answer to these questions can be 
found only by further investigation. 


CONCLUSIONS 


(1) A new phenomenon is discovered, accord- 
ing to which an unsteadiness of hearing of a 
tone of 1000 cycles begins at an average loudness 
level of six phons above the individual threshold 
and continues to the limit of audibility. We call 


3H. Fletcher, J. Acous. Soc. Am. 1, 311 (1930). 
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this phenomenon fluctuation of the threshold. 

(2) The amplitude of the fluctuation has an 
average value of two phons for a tone of 1000 
cycles. 

(3) The discovered fluctuation occurs for levels 
of sound energy of the order of 10-% watt per 
square centimeter, i.e., very much higher than 
the energy at which the fluctuation of the 
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molecular pressure, may be expected (10-"’ watt 
per square cm). Therefore the cause of the 
fluctuation is to be seen in physiological phe- 
nomena within the ear. 

(4) The experiments show that within the 
range near the threshold the apparent duration 
of the sound impulse is perceived more distinctly 
than its loudness. 
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Recent Investigations of Organ Pipes* 


ARTHUR TABER JONES 
Smith College, Northampton, Massachusetts 
(Received February 2, 1939) 


URING the past few years there have been 

a number of interesting studies of organ 
pipes which are here summarized. To a large 
extent this paper omits consideration of reed 
pipes, and in connection with flue pipes it deals 
with two somewhat different subjects: First, 
studies of the acoustic quality of organ pipes, 
including transient phenomena; and _ second, 
studies of the means by which the sound from 
flue pipes is produced and maintained. 


QUALITY 


The year 1938 saw the publication of papers 
dealing with the quality of organ pipes by at least 
three different authors. One paper! gives a 
number of oscillograms of the sound from an 
organ pipe at different blowing pressures. A 
second is by Charles P. Boner? of the University 
of Texas. Mr. Boner’s paper deals with the 
acoustic spectra of twenty-one open pipes, all of 
the pitch of middle c. Fig. 1 summarizes his 
results. It will be seen that in the geigen diapason 
the components above the fundamental are 
somewhat more prominent than in the open 
diapason—corresponding to the somewhat keener 
quality of the gezgen diapason—and that in the 
viole d’orchestre and the salicional the first four 
components are of approximately the same 
intensity, whereas in the trumpet the first eight 
are of approximately the same intensity. These 
results are not surprising, but it is a satisfaction 
to know just how the intensities of the com- 
ponents do compare. 

Mr. Boner’s paper does not include any 
results on closed pipes. Our introductory text- 
books usually state that in the tone from closed 
pipes the even numbered components are missing. 
But a closed pipe is not a simple tube with an 
infinitesimal diameter, nor is it wide open at the 


\ 
*An invited paper tead before the New England 
Section of the American Physical Society, October 15, 1938. 
1M. Mokhtar, Proc. Phil. Soc. 9, 352 (1938). 
? Charles P. Boner, J. Acous. Soc. Am. 10, 32 (1938). 


mouth. Moreover the sound which the pipe gives 
out soon becomes steady. So it is to be expected 
that the even numbered components will be 
present in the sound from a closed pipe, although 
they may be rather faint. Fig. 2, giving results 
contained in a personal letter from Mr. Boner, 
shows that this is the case. Mr. Boner says he 
thinks that the stopper of the /ibia did not fit as 
tightly as it should, but that the stopper of the 
flute was very tight. 

The third paper on quality is a brief one by W. 
Lottermoser,* dealing with the extent to which 
the quality of the sound may be affected by the 
material of the walls. The lower part of Fig. 3 
shows the natural frequencies of the pipe wall. 
The upper part shows the spectrum of the sound 
when the pipe is blown. Notice that when the 
pipe is blown there are components which are 
not harmonic.‘ This must mean that the motion 
of the air in the pipe is not strictly periodic. 

Lottermoser’s paper is very brief—less than 
two pages. It is a summary of an address given 
at a recent meeting at the Reichsanstalt. I may 
misinterpret him, but he seems to regard the 
varying wind pressure on the upper lip of the 
pipe as eliciting some of the natural frequencies 
of the wall, and these wall frequencies as modu- 
lating neighboring components of the air column 
tone. Notice what look like side bands above and 
below the third and fifth components. If these 
really are side bands the modulating frequencies 
would have to be in the neighborhood of thirty 
to sixty cycles per second, which would be far 
below any natural frequencies of the pipe wall. 
It is to be hoped that a more complete account 
of this work will be published. 


BEGINNING OF THE SOUND 


For a considerable number of years we have 
been accustomed to think of the quality of a 


3 W. Lottermoser, Akust. Zeits. 3, 63 (1938). 

‘Compare the inharmonic components in a pipe men- 
tioned by Dayton C. Miller in his Science of Musical 
Sounds (Macmillan, 1916), p. 181. 
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ORGAN PIPES 





GEIGEN DIAPASON 


CORNOPEAN 


TRUMPET 


Fic. 1. Spectra of different organ pipes. (Boner.) 


sound as determined by the harmonic compo- 
nents which are present and the relative strengths 
of those components. This point of view is no 
doubt correct so long as the sound is (1) steady, 
(2) not too loud, and (3) of a moderate pitch. 
But most sounds are not steady, and in any 
musical composition steady sounds do not often 
last more than, say, a second—if they last that 
long. Changes in pitch and changes in loudness 
are very likely to be accompanied by transients, 
and these transients may often be of sufficient 
intensity to have an important effect on the 
quality of the sound. 

So far as sounds are concerned the importance 
of transients was perhaps first emphasized by 
the psychologist Carl Stumpf. Stumpf distin- 
guishes between what he calls inner quality, 
which depends on overtone structure, and outer 
quality, which depends on other factors. In one 
of his books® Stumpf describes experiments which 
he began in 1910 to test how successfully observ- 
ers can distinguish different musical instruments 
when the observers are prevented from hearing 
the beginning and ending of the tone. In each 
case the observer heard the steady part for two 
seconds. Some of the observers were musicians, 





*Carl Stumpf, Die Sprachlaute (Springer, 1926), p. 374. 


and one was a manufacturer of musical in- 
struments. 

When the observers heard nothing except the 
steady state there was sometimes difficulty in 
distinguishing instruments that we usually regard 
as having qualities that are quite different. Evi- 
dently the transients are of considerable im- 
portance. 


60 $$$. 
Stopped Flute 
40 
20 
z 60 
al Tibia Clausa. 
= 40 
20 
"7 2 3 4 5 & 


HARMONIC COMPONENTS 


Fic. 2. Spectra of two stopped pipes. (Boner.) 
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Studies of the initial effects in organ pipes have 
recently been carried out by Ferdinand Trendel- 
enburg and his collaborators.® In these studies 
they made use of octave filters, as shown in Fig. 
4. The electric current from the microphone M 
passed through an amplifier and then divided. 
Part of it passed directly to one vibrator of an 
oscillograph. Another part passed through any 
chosen one of eight filters to a second vibrator in 
the oscillograph. The numbers on the diagram 
give the frequency ranges transmitted by the 
various filters. With this arrangement the sound 
must be produced several times—once for each 
filter that is employed. In a later form of the ap- 
paratus the current passed through five filters in 
parallel, and then on to five independent vibra- 
tors in the oscillograph. 
€ In the case of reed pipes the sound was found 
to’develop rapidly. For instance, with a pipe in 
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Fic. 3. Upper part: Spectrum of sound from a middle 
c gamba made of the aluminum alloy ‘‘cupal.’’ Lower part : 
Natural frequencies of the wall. The light vertical lines give 
the frequencies of harmonic components. (Lottermoser.) 


the stop known as a “‘trumpet,”’ and with a fun- 
damental frequency of 61~/sec., the sound was 
fully developed in something like 0.1 sec. The 
sound from flue pipes develops much more 
gradually. For instance, a ‘‘principal’’ with the 
same fundamental frequency required 0.5 sec. to 
reach the steady state. 


6 F, Trendelenburg, E. Thienhaus and E. Franz, Akust. 
Zeits. 1, 59 (1936). 
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Figure 5 is a record’ from a closed pipe at 
about 240~/sec. It was taken with five filters 
acting simultaneously. The growth of the funda. 


Verstarker Oszillograph 


Gesamtbereich 


Oktavsieb 


Fic. 4. Apparatus used by Trendelenburg et al. 


mental is shown in the line marked 150-300. If 
the cut-off of the filters were absolutely sharp 
nothing would appear in the line marked 300- 
600 unless the octave of the fundamental js 
present. There is no evidence of the octave, and 
the vibration that appears in this line is the 
fundamental. 

In the 1200—2400 line there is a vibration that 
has disappeared by the time that the funda- 
mental is well developed. This ‘‘forerunner”’ has 
a frequency about five and a half times that of 
the fundamental, and could actually be heard by 
listening to the pipe. In rapid play there may 
often be ten notes in a second. In such a case 
the forerunner, with a frequency five and a half 
times that of the fundamental, is of some im- 
portance, and the effect obtained in rapid play is 
different from that when the tempo is slower. 

The pipe in question is in an old organ.* I have 
an impression that modern pipes are usually 
voiced to speak more promptly. 

The effect of transients in the actual use of the 
organ has also been examined,’ and Fig. 6 isa 
record of several notes played in succession. The 
numbers under the notes give their frequencies. 
The note that preceded the first one shown was 
the b (German h) below it. In the 1200—2400 line 
a forerunner is seen each time that the note eis 

7F. Trendelenburg, Zeits. f. techn. Physik 17, 578 
(1936). 

8 In the Eosander chapel at the Charlottenburg Castle. 
The organ was built in 1706 by Arp Schnitger, and restored 
in 1931 by E. Kemper and Son. 


°F. Trendelenburg, E. Thienhaus and E. Franz, Akust. 
Zeits. 3, 7 (1938). 
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Fic. 5. Beginning of the sound from a middle ¢ ‘‘Lieblich gedackt.” 


played. Shortly after the playing of each note 
there is to be seen in the lines marked ‘‘direkt”’ 
and “150-300” the characteristic vibration curve 
obtained from the fundamental frequency of the 
new note and the one that preceded it. The pre- 
ceding note is, however, soon lost, since the 
reverberation time of the Eosander chapel is 
not more than one second. 


PRODUCTION AND MAINTENANCE OF THE SOUND 


The body of an organ pipe is a resonator. At 
the mouth there is a slit through which the wind 
comes, and opposite the slit is a wedge which 
forms the upper lip of the pipe. A faint sound 
may be produced by a sheet of wind issuing from 
aslit without any wedge above it. The presence of 
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(Trendelenburg.) 


the wedge may strengthen the sound and modify 
the pitch, and the presence of the body of an 
organ pipe may still further affect both the 
loudness and the pitch of the resulting tone. A 
large amount of study has been devoted to the 
question how the sheet of wind produces the 
sound and maintains it. 

When the wind pressure on an organ pipe is 
varied there are marked changes in pitch, some 
of them gradual and some sudden. The general 
course of these changes was described more than 
fifty years ago by Lord Rayleigh,'® and some of 
the changes are easily observed. 

When we make use of a slit and wedge without 
the body of an organ pipe we obtain what is 


10 Lord Rayleigh, Phil. Mag. 13, 340 (1882). 
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Fic. 6. Record of a melody played on the ‘“‘Lieblich gedackt”’ in the same organ. (Trendelenburg e¢ al.) 








known as an “edge tone,” and here again changes 
in blowing pressure or distance to wedge give rise 
to changes in pitch, some of them gradual and 
some sudden, and of these, too, some are easily 
observed. 

Two important papers on edge tones have 
been written recently by G. Burniston Brown." 
For two different speeds of efflux of the blowing 
wind Fig. 7 shows how the frequency depends on 
distance from the slit to the wedge. As the wedge 
moves farther from the slit—to the left in the fig- 
ure—the pitch falls gradually except at certain 
points where it jumps upward. There are four 
“stages”’ in each of which the change in pitch is 
continuous. 

It is now believed that edge tones and the 
tones from flue organ pipes are produced in essen- 
tially the same way. Not only does the sheet of 
wind swing back and forth from one side of the 
wedge, or upper lip of the pipe, to the other, but 
it is also found that near the wedge or in the 
mouth of the pipe there are vortices, and that 
the frequency of the sound is closely related to 


U = 1750 em /sec. 


N 


FREQUENCY (~/sec.) 


U = 984 em /sec. 





RECIPROCAL OF DISTANCE FROM SLIT TO EDGE (cm!) 


Fic. 7. The four “‘stages’’ in pitch of an edge tone. (Brown). 


the frequency with which the vortices are pro- 
duced. It is generally believed that these vortices 
play an important part, perhaps an essential 
part, in the production of the sound. 

When a fluid issues from an orifice—air into 
air, water into water—it is well known that the 
jet may continue for some distance with stream 
line flow, but that ultimately turbulence sets in. 


1G, Burniston Brown, Proc. Phys. Soc. 49, 493, 508 
(1937). 
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The boundary between the stream and the fluid 
through which it flows is unstable, and the stream 
tends to break into vortices. 

Thirty years ago Henri Bénard™ found that 
behind a body which moves steadily through 
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Fic. 8. Double file of vortices. The model behind which 
the vortices formed was moving to the right, and the 8th, 
9th, 10th, 11th, and 12th vortices behind it are shown, 
(Hooker.) 


water there are two rows of vortices which detach 
themselves alternately from the two sides of the 
moving body. Four years later Karman and 
Rubach"™ gave the theory of such a double file of 
vortices, and showed that for stability the dis. 
tance h between the two files of vortices bears a 
definite ratio to the distance / from one vortex 
to the next in the same file.'* A photograph" of 
such a ‘“‘street”’ of vortices is shown in Fig. 8. It 
will be seen that the two files are not parallel. 
Although the distance from the center of one 
vortex to the center of the next in the same file 
remains constant, the distance between the files 
increases, and the value of //l changes from 
(0.326 close to the moving obstacle to 0.537 farther 
away. The deviation of this ratio from the Kar- 
man value is attributed to viscosity. 

Various experimenters who have studied edge 
tones and organ pipes have attempted to account 
for the production of the sound, for the changing 
pitch with changing pressure—or with changing 


2 Henri Bénard, Comptes rendus 147, 839, 970 (1908). 

18 Theodor von Karman and H. Rubach, Physik. Zeits. 
13, 49 (1912). 

4 Karman’s relation is cosh rh/J=v2, or approx. 
h=0.2831. 
15S, G. Hooker, Pioc. Roy. Soc. A154, 67 (1936). 
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Stage 1h =0.81 cm Stage Il h =1.73 cm 


Stage III h =2.65 cm 


Stage IV h =3.5 cm 


Fic. 9. The four stages in vortex formation at an edge. h is the distance from slit to edge. In all 
four of these photographs the speed of the blowing wind was 272 cm/sec., and the frequency was 


126 ~/sec. (Brown.) 


distance from slit to edge—and for the jumps in 
pitch, by making use of a Karman street of 
vortices. Such a street is regarded as formed in 
the neighborhood of the edge, and is now usually 
regarded as being essential to the production of 
the sound. 

That a system of vortices really does accom- 
pany an edge tone seems to be well established. 
Fig. 9 shows all four of the stages which Brown 
has found. It will be seen that in stage I the first 
vortex is produced close to the edge, in stage II 
the second vortex is produced close to the edge, 
and so on. That is, in the case of an edge tone the 
particular stage that is produced appears to de- 
pend on the number of vortices between the slit 
and the wedge. As the wedge moves away from 
the slit the distance from one vortex to the next 
increases and the pitch of the sound falls. When 
a jump in pitch occurs the number of vortices 
between slit and wedge changes by one. 

Carriére'® has suggested that the vortices may 
not have the importance that is usually attrib- 
uted to them, and Brown" says, ‘““The sound is 
produced mainly by the to-and-fro motion of 
the jet at the edge, which is not modified ap- 
preciably by the superimposed vortex motion as 
long as this is not greatly developed.”’ 

A paper by Klug!* seems to point in the same 
direction. As shown in Fig. 10 Klug brought in 


16Z. Carriére, J. de phys. et rad. 7, 7 (1926). “Les 
tourbillons . . . n'ont, en eux-mémes, qu'une importance 
médiocre pour l’acoustique d’un tuyau sonore.”’ 
‘7 P. 516 in a paper cited in reference 10. 
18 Heinz Klug, Ann. d. Physik 11, 53 (1931). 


from the side a “disturbing wedge” [Stor- 
schneide ]. This wedge is set at some chosen level, 
and is then caused to move inward from the side 
until it affects the sound. 

Figure 11 shows one set of results. A jump in 
pitch occurs when the wedge has a distance be- 
tween those shown in ¢c and d, and another be- 
tween e and h. For the distances shown in f and g 
either of two tones may be obtained. Further 
studies of the curves of disturbance led to the 
remarkable result that they are symmetrical 
about the plane through the slit and wedge. 

It is not easy to reconcile Klug’s results with 
the idea that the vortices are essential in the 
production of sound. Consider, for instance, e in 
Fig. 11. If vortices are formed below the 6-mm 
level how do they have room to pass between the 
disturbing wedge at this level and the main 


Fic. 10. The ‘“‘disturbing wedge.’’ The blowing wind 
comes up through the slit to the right of 5, and strikes 
the wedge K. St is the disturbing wedge. (Klug.) 
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wedge? When the disturbing wedge is at a level 
of 5 mm why does it affect the sound when it js 
so far away from the air jet? And why are the 
curves of disturbance symmetrical about the 
vertical plane through slit and wedge? 

Klug obtained photographs of the vortices, and 
he made some attempt to examine the vortices 
when a disturbing wedge was in position. He says 
simply that he learned nothing of importance in 
this way, but it would be of interest to know 
precisely what he did observe. 

Perhaps our present knowledge of the situation 
may be summed up in the following tentative 
statement. In the cases of edge tones and flue 
organ pipes the sound is produced mainly by the 
varying air pressure brought about by the alter. 
nating flow of the blowing wind, first to one side 
of the edge or upper lip of the pipe and then to 
the other. This alternating flow is aided, and its 
frequency partly determined, by a system of 
vortices that usually accompany the blowing 
stream. Further work is needed before we can 
be certain as to how important a role is played by 
the vortices. 
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Resonant Frequencies of Certain Pipe Combinations* 


Joun D. TRIMMER 
Department of Aeronautical Engineering, Massachusetts Institute of Technology, Cambridge, Massachusetts 


(Received March 1, 1939) 


Calculated and measured values of impedance are given for certain combinations of closed 
and open pipes, with particular attention to the problem of computing resonant frequencies. 
Several of the combinations have interesting series of resonances, but the relative strength of 
harmonics in forced vibrations (e.g., as organ pipes) has not been determined experimentally 
and is hard to predict theoretically. One of the combinations is of particular interest for two 
reasons: first, although it includes no open pipes, its resonant frequencies are very closely those of 
a simple open pipe; and second, some of its resonances are much sharper than others, suggesting 
a method of designing acoustical elements of very sharp resonance. 





HE simple open pipe and the simple closed 

pipe are acoustical elements of basic im- 
portance and interest. The difference between the 
two kinds of pipes is usually emphasized by 
saying that open pipes have resonant frequencies 
corresponding to the complete integer series, 
while closed pipes have resonances corresponding 
to the odd integers only. The purpose here is to 
discover similarity, as well as difference, between 
closed and open pipes, and also between their 
prototype combinations, which have been named, 
respectively, re-entrant and extended combi- 
nations. 

The relation between closed and open pipes, 
as a simple example of re-entrant and extended 
combinations, is illustrated by Fig. 1. The simple 
open pipe of length Z shown in a. may also be 
thought of as an extended combination of two 
pipes each of length L/2. Likewise the simple 
closed pipe d. may be considered a re-entrant 
combination of two pipes, as suggested in ). 
and c. 

On this basis, it almost seems possible to 
“prove” that the closed pipe d. should have the 
same resonant frequencies as the open pipe a. 
The condition for standing waves in pipe a. is 
that the sound pressure should be zero at both 
ends. This is true for frequencies such that 
cos 2kL=1, or L=(nd/2). But bending the pipe 
around to the form 6b. does not change the re- 
quirement that the pressure must be zero at both 
ends if standing waves exist. Configurations c. 





_* Presented at Cambridge meeting of Acoustical Society, 
November, 1938. 


and d. are certainly equivalent to 6. Then why 
does not the condition L=(n\/2) also define the 
resonant frequencies of the closed pipe d.? 

A similar question arises in comparing less 
simple re-entrant and extended systems, such, 
for instance, as those shown in Fig. 2. The method 
of assuming standing waves in the various pipe 
elements seems to lead to the same condition for 
resonant frequencies for the re-entrant system 0b. 
as for the corresponding extended system a. and 
the same for d. as for c. 

By calculating the acoustic impedance looking 
into these combinations and equating the im- 
pedances to zero, however, the differences in the 
resonances are revealed. At the same time, the 
similarities suggested by the ‘‘re-entrant vs. 
extended”’ viewpoint lead to some interesting 
results. 














1" 
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a. 


Fic. 1. Metamorphosis of an open into a closed pipe. 
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CALCULATION OF IMPEDANCES 


The acoustic impedance looking into the pipe 
combinations shown in Fig. 2 was calculated by 
the well-known method of assuming expressions 
for the velocity potential in the various pipes, 
and then adjusting the constants to fit the 
boundary conditions at the junctions. Details of 
the calculations are omitted here, but the results 
are presented rather fully, since besides pertain- 
ing to the combinations of pipes described in this 
paper they may be of some help to those who 
wish to consider other combinations. 

One of the most useful formulas is that which 
gives the impedance Z looking into one end of a 
pipe of length Z and cross section area S, to the 
other end of which is connected an impedance Z’. 


This is 
Z'+iR tan kL 


Z=R- : (1) 
R+iZ’' tan kL 





where R=(pc/S), and k=(27)/(wave-length). 
The next step was to calculate Z in terms of Z’ 
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Fic. 2. Extended and re-entrant combinations of pipes, 


and the parameters of two pipes joined to forma 

divided path, as indicated in b. of Fig. 2. The 
result, in analogy to Eq. (1), is 
Z'+iRA 

lok, (2) 


where 


cos k(L,;—Lz2) —cos k(Li+ Le) 





~ (p-+q) sin k(L:+Ls) —(p—g) sin k(Li—L+) 


B 4—(p+q)* cos k(Li+L2)+(p—gq)? cos k(Li1—Le) 





p=S,/(S1S2)}, 


“(p+q) sin k(L:+L:)—(p—9) sin k(L,;—Le) 
g=S2/(S1S2)', 


R=(pc)/(SiS2)}. 


By putting different values for Z’ in Eq. (2), various interesting results can be derived. For 
example, if Z’ is the impedance of an infinitely long pipe (i.e., a pure resistance), the effect of a 
divided path in an infinite line, the Quincke filter, can be studied.' 

For the case of Fig. 2-b., Z’= —iR; cot kL;, and the resulting expression for Z may be written 


Y S, cot RLi:+S2 cot kL2—S3 tan kL3 





iR- (S,S2)3(2 cot RL; cot RL2—2 csc kL; csc RL2— p?—g*) —S3 tan kL3(p cot kLi+gq cot kL2) 


Calculation of the impedance looking into the 
corresponding extended combination, a. of Fig. 2, 
is somewhat easier. It is simply required to put 
for Z’ in Eq. (1) the impedance of an open pipe 
and a closed pipe in parallel. Thus 

1 This problem is treated, from a different approach, in 


Stewart and Lindsay, Acoustics (D. Van Nostrand Co., 
New York, 1930), pp. 90-93. 


(3) 


Z S; cot RLi +S, cot RL2—S3 tan kL3 


aR, S;—cot kL (Se cot kL. ait tan kL3) 





Now in examining expressions such as those of 
Eqs. (3) and (4) for resonant frequencies (i.e., 
frequencies at which Z=0), it is quite a tempta- 
tion simply to set the numerator equal to zero—a 
necessary, but not a sufficient, condition. It is 
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RESONANT FREQUENCIES OF 
interesting that the numerators in Eqs. (3) and 
(4) are identical, and vanish for frequencies 


such that 


S; cot RLi+S2 cot kL2—S; tan kRL3=0. (5) 


Although the complete impedances will not be 
written down here for the combinations c. and d. 
of Fig. 2, it can be shown that the impedances are 
fractions whose numerators vanish, both for the 
reentrant combination d. and the extended 
combination c., if 


R, tan RLi+- Re tan kL2+R; tan kL 


Ri R2R3 
= — tan kL, tan kL tan kL. 
R? 





(6) 


One has the suspicion, however, that too much 
dependence on Eqs. (5) and (6) might lead to 
results on a par with the above “proof” that 
closed and open pipes should have the same 
series of resonant frequencies. This suspicion is 
confirmed in the following discussion of the 
relation between impedance and resonant fre- 
quencies. 


IMPEDANCE AND RESONANCE 


The relation between the expression for the 
acoustic impedance and the resonant frequencies 
of an acoustic system will be illustrated with 
specific examples of the combinations to which 
Eqs. (3), (4) and (5) apply—combinations a. and 
b. of Fig. 2. These examples were selected with 
regard to their bearing on a certain question 
suggested by Eq. (5), namely, what combinations 
of pipes can be found which will have essentially 
the same resonant frequencies as a simple open 
pipe (or a simple closed pipe) ? 

The foregoing question presents itself, be- 
cause Eq. (5) defines the resonant frequencies of 
the Haskell organ pipe, which is known to 
behave essentially as a simple open pipe.? Now 
the Haskell pipe is that particular case of the 
extended system a. of Fig. 2 for which L2=Ls, 
and $,;=2S,=25S3. So it is of interest to apply 
these same values of length and area to the re- 
entrant system b., with the impedance as given 
in Eq. (3), and thus test the adequacy of Eq. (5) 
as a single criterion for the resonances of both 
the extended and re-entrant types. 


*A. T. Jones, J. Acous. Soc. Am. 8, 196 (1937). 
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Moreover, the re-entrant combination degener- 
ates into a simple closed pipe if L;=L:2, and 
S3=2S,=25S2. So these values, applied to the 
extended system, suggest a combination of pipes 
which from the implications of Eq. (5) might 
have the same resonant frequencies as a simple 
closed pipe. This gives a second check on the 
meaning of Eq. (5). 

First, then, the re-entrant type is considered 
with Lo=L3 and S;=2S.=25S3. Eq. (3) can now 
be written 


Z v2 sin k(a+2)Le 
iR 3 cos k(a+2)L.+cos akL.—4 cos kLo 





(7) 


where a=(L;/L2). 

Now, although from Eq. (5) and analogy with 
the Haskell pipe the resonant frequencies might 
be expected to be in accord with the complete 
series 0, 1, 2, 3, , it is found from Eq. (7) that 
the actual series is incomplete and that the 
omissions depend on the value assigned to a. 
For example, if a=1, the combination degener- 
ates into a closed pipe on the end of another 
pipe of the same length but of three times the 
cross section area, and the frequencies are 1, 2, 4, 
S$, 7, & te iA, 
omitted. 

If «a=}4, the omissions are 0, 10, 20, . For 
any value of a, the omissions must include zero, 
since the combination is closed. 

Particular attention is directed to the case of 
a=, because an experimental check was made 
on the theory for this case, for which Eq. (7) is 


-; every multiple of three is 


Zz v2 sin 7RL 
iR 3 cos 7hL-+cos 3khL—4.cos 2kL 





(8) 
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Fic. 3. Theoretical and measured reactance of 
a re-entrant combination. 
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in which L=}L»2. Examination of this expression 
for the impedance indicates that the series of 
resonant frequencies will be complete except for 
multiples of 14. Hence, to a very close approxi- 
mation, such a combination of pipes can be 
considered equivalent to a simple open pipe, so 
far as resonant frequencies are concerned. 

The solid curve in Fig. 3 is a plot of Eq. (8). 
The circles are experimentally measured values 
of reactance.* The experimental model was made 
with L=1? inches and S,=0.44 square inch. Its 
fundamental frequency was about 575 cycles per 
second. 

Figure 4 summarizes similar results on the 
opposite case, namely, an extended (and open) 
combination which might be expected from Eq. 
(5) to have the resonances of a simple closed 
pipe. As already mentioned, this expectation 
arises for the extended system a. of Fig. 2 with 
L,=Lz and S3=2S,;=2S:2, for which values the 
re-entrant combination is actually a simple 
closed pipe. The expression for the impedance 
of the extended combination becomes (with 
L3= aL) 





Z 2sin kL, cos k(at+1)L; 0) 
iR: cosk(a+2)L1 


For the experimental check a=1, so that 
Eq. (9) is 


Z 2sin kL cos 2kL 
iR, cos 3kL 





(10) 


of which the curve in Fig. 4 is a plot. The circles 
are the measured values of reactance of a model 
made with L=3 inches and S,=0.44 square inch. 
The fundamental was about 580 cycles per 
second. 

Instead of the 1, 3, 5, ---, series of resonances 
of a simple closed pipe, it is clear from Eq. (9) 
that this type of combination will have some 
even numbers in the series, including zero in all 
cases. For the case in which Eq. (10) applies, 
the even numbers added to the odd number 
series are multiples of 4. For larger values of a 
the additions will be multiples of larger numbers, 


3’ The measurements were made on the transmission line 
for measuring acoustic impedance described elsewhere in 
this issue by Professor Hall, Electrical Engineering Depart- 
ment, Massachusetts Institute of Technology. 
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Fic. 4. Theoretical and measured reactance of 
an extended combination. 
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but then the combination approaches more and 
more to a mere closed pipe. So the quest for an 
open combination with the resonances of a 
closed pipe cannot be considered as successful 
as for a closed combination with the resonances 
of an open pipe. 

In comparison with the combinations of pipes 
discussed above, it is interesting to note that the 
Haskell pipe constitutes a truly exceptional case 
in that not only the resonant frequencies but the 
complete expression for the impedance as well are 
identical with those of the simple open pipe. 
That is, the Haskell pipe being the case of a, 
Fig. 2, with Le=L;3 and S;=2S2.=25:3, its im- 
pedance is obtained by inserting these values in 
Eq. (4) which then reduces to Z=iR, tan 
k(L,+2L2)—the same as for a simple open pipe 
of length L,+2L.. 


EQUIVALENCE OF ACOUSTIC ELEMENTS 


The various pipe combinations which have 
been discussed suggest some interesting ques- 
tions. By what standard may two physically 
different elements be judged acoustically equiva- 
lent? What is the relation between the different 
standards which might be chosen? 

For example, if pipe combinations are to be 
called equivalent when they have the same 
resonant frequencies, then the re-entrant com- 
bination to which Fig. 3 applies is very closely 
equivalent to the simple open pipe. But if the 
criterion of equivalence is that the impedances 
shall be the same, the approximation is much 
poorer—the curve of Fig. 3 is a tangent curve 
very badly distorted indeed. 
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As regards practical applications, the most 
important measure of equivalence is probably the 
extent to which forced vibrations (and especially 
the sound radiated by the forced vibrations) are 
the same for one acoustic element as for the 
other. 

Of these three characteristics, resonant fre- 
quencies, impedance and forced vibrations, the 
relation between the first two has already been 
emphasized; but it will bear repeating that 
resonant frequencies must be strictly defined, 
analytically or experimentally, as the frequencies 
at which the impedance is zero or a minimum in 
absolute value. 

The relation between resonant frequencies and 
forced vibrations may be described as qualita- 
tive but not quantitative. For example, Fig. 3 
indicates resonance at a fundamental frequency 
and at second, third and fourth harmonic fre- 
quencies for the re-entrant combination of pipes, 
just as for a simple open pipe. Yet it is hardly to 
be expected that, if the re-entrant combination 
and the simple pipe were blown as organ pipes 
in exactly the same way, the relative strengths of 
the harmonics would be the same. 

In fact, even pipes (or other acoustic elements) 
having the same impedances may not give 
identical harmonic structure in the sound radi- 
ated by forced vibrations. Thus, as mentioned 
above, the Haskell organ pipe has the same 
expression for its impedance as a simple open 
pipe. But a Haskell pipe and a simple pipe blown 
in exactly the same way will show substantial 
differences in harmonic structure. These dis- 
crepancies, however, are doubtless more inci- 
dental than basic, in that they are due to incom- 
plete theoretical formulation of the impedance. 
In particular, it is to be noted that the radiated 
sound is accounted for by resistive components 

‘For confirmation of this statement the writer is in- 


debted to Dr. F. V. Hunt, of Harvard University, who 
made some measurements on such pipes. 
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of impedance, whereas theoretical discussions 
often (as in this paper) treat of impedance as 
though it consisted solely of reactance. 

These difficulties are accentuated in an at- 
tempt to predict from a given impedance the 
relative strength of harmonics and the frequency 
response characteristic for a given forcing ele- 
ment, or source, largely because the impedance 
of the source must now be specified in addition 
to the impedance of the driven element. Essen- 
tially the same pipe or combination of pipes 
might be blown as an organ pipe, or form part 
of the exhaust system attached to an automobile 
engine—an example of the possible divergence of 
source characteristics. The radiated sound is of 
crucial practical importance in both instances. 

Efforts to develop simple yet general methods 
for dealing with such problems seem not to 
have progressed so well in acoustics as have the 
analogous efforts in electrical engineering. 


PossIBLE APPLICATIONS 


Pipe combinations such as are discussed in this 
paper may be of some interest to designers of 
the wind instruments of music. The Haskell pipe 
presumably recommended itself in organ design 
because it gives much the same tone as a simple 
open pipe while being more compact (shorter). 
Aside from questions of shape and space, the 
tone quality of some of the combinations de- 
scribed above might be worth investigating—for 
example, the one which has multiples of three 
omitted from its harmonic series. 

Other applications are suggested by the shape 
of the curve in Fig. 3. The third branch of the 
curve indicates a very sharp resonance. More- 
over it appears from Eq. (7) that as a approaches 
unity, this resonance becomes sharper and 
sharper. In the physics of oscillations, very 
sharply resonant elements usually turn out to be 
quite useful. 
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Terminology for Logarithmic Frequency Units* 


ROBERT W. YOUNG 
C. G. Conn, Ltd., Elkhart, Indiana 


(Received May 1, 1939) 


Fletcher has proposed the use of a logarithmic frequency 
scale such that the frequency level equals the number of 
octaves, tones, or semitones that a given frequency lies 
above a reference frequency of 16.35 cycles/sec., a fre- 
quency which is in the neighborhood of that producing the 
lowest pitch audible to the average ear. The merits of such 
a scale are here briefly discussed, and arguments are pre- 
sented in favor of this choice of reference frequency. Using 
frequency level as a count of octaves or semitones from the 
reference Co, a rational system of subscript notation follows 
logically for the designation of musical tones without the 
aid of staff notation. In addition to certain conveniences 
such as uniformity of characters and simplicity of sub- 
scripts (the eight C’s of the piano, for example, are repre- 


INTRODUCTION 


HE sensation of pitch varies roughly with 
the logarithm of the frequency of a sound. 
Therefore, in addition to having other con- 
veniences, a logarithmic frequency scale is useful 
for curves depicting, for example, the frequency 
response of a hearing aid or a microphone, since 
the scale so obtained is significant in terms of 
pitch. To many individuals reference to middle 
C on the piano means much more than quoting 
a certain number of cycles per second, so that 
it is worth while on occasion to graduate a 
logarithmic frequency scale on the basis of the 
frequencies employed in music (the piano key- 
board implicitly represents a logarithmic se- 
quence of tones). It is particularly desirable 
that a logarithmic scale suitable for the expres- 
sion of physical measurements be chosen, which 
at the same time is amenable to interpretation 
in terms of those frequencies employed in 
musical performance.! 
Fletcher has proposed? the use of a logarithmic 
frequency scale such that the frequency level 
equals the number of octaves, tones, or semitones 


* Presented at the Tenth Anniversary Meeting of the 
Acoustical Society of America, New York, May 15-17, 
1939. 

1 Note incidentally that the standard of pitch for actual 
musical performance is not, and with minor exceptions 
never has been, based on the C of 256 cycles/sec. 

2 J. Acous. Soc. Am. 6, 59-69 (1934). 


sented by Ci to Cs) this method shows by a glance at the 
subscript the frequency level of a given tone counted in 
octaves from the reference Co=16.352 cycles/sec. From 
middle C,, frequency 261.63 cycles/sec., the interval js 
four octaves to the reference frequency, so that below C, 
there are roughly four octaves of audible sound. Various 
subdivisions of the octave are considered in the light of their 
ease of calculation and significance, and the semitone, 
including its hundredth part, the cent, is shown to be par. 
ticularly suitable. Consequently, for general use in which a 
unit smaller than the octave is necessary it is recommended 
that frequency level counted in semitones from the reference 
frequency be employed. 


that a given frequency lies above a reference 
frequency of 16.35 cycles,'sec., a frequency 
which is in the neighborhood of that producing 
the lowest pitch audible for the average ear, 
The concept of a level is now common in the 
expression of ratios of power or sound intensity, 
the decibel being the usual unit. 

Therefore, before starting to investigate the 
forms available for the logarithmic designation 
of frequency, let us first recall how a power 
ratio is described logarithmically. A power py is 
said to exceed a power p; by a number of decibels, 
N, which may be found by 


N=10Xlogio (p2/p1) 
=10Xlogio p2o—10 Xlogio pi, 
or 
p2/pi= 104/10. 


and since 10!/!°= 1.259, 
2== (1.259)" X py. 
If the base 10'/'° be used this may be written 
N=log 1049""(p2/ 1). 


Hence, it appears that N is the number of 
10'/'°-fold times by which p:2 exceeds fi, and the 
unit of measure is the ratio 10'/!°/1. 

Similarly the choice of a logarithmic unit in 
which to express frequency, or more exactly 
frequency ratio, infers the selection of a ratio as 
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4 unit of measure. Therefore we shall first 
consider various ratios that have been found 
useful in describing the relation of sound 
frequencies. 


FREQUENCY RATIOS 


For expressing frequency ratios, the 2/1 ratio, 
the octave, has long* been found a convenient 
unit. Indeed, the word octave has outgrown‘ its 
original meaning of the interval between the 
first and eighth tones of a musical scale. Now 
one may even read, for example, that the visible 
portion of the electromagnetic spectrum covers 
about one octave. 

Now the interval between two frequencies f2 
and f; may be described by the ratio f2/f,, or by 
the number of octaves (2/1 ratios), NV, contained 
therein, where 


N=loge (fe/f1) 
= loge fe—loge fi, 


fe fi = 2, 


The relationship is, of course, valid for fractional 
parts of an octave. However, to avoid the 
continued use of fractional values there have 
been devised numerous subdivisions of the 
octave, all of which amount to a modification of 
the base used in computing the logarithms. 
For example : 


or 


1 octave = 301.03 savarts=1000 millioctaves 
=6 tones= 600 centitones 
= 12 semitones = 1200 cents 


Let us compare these subdivisions briefly. 

A savart is easily computed, since the number 
of savarts representing the interval between fe 
and f; is merely 1000 Xlogio (f2/f1). The principal 
merit of this unit exists in the usual availability 
of tables of common logarithms, but it suffers 
from the fact that logio 2 is irrational, and a 
consequence the number of savarts to the octave 
Or semitone cannot be expressed exactly by 
integers. There is the alternative definition® 


*To L. Euler (1739) is ascribed the ‘‘principle of binary 
logarithms which, when applied to musical intervals, 
designates an octave as a unit.’’ See J. Yasser, A Theory 
of Evolving Tonality (1932), pp. 19-21. 

‘See for example definition No. 1A9, “Standards on 
Electroacoustics,”’ Institute of Radio Engineers (1938). 
*L. Bouthillon, Rev. d’Acoustique 4, 57-85 (1935). 
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of 300 savarts to the octave, but in this case 
the convenient computation requires binary 
logarithms. 

The millioctave lends itself to convenient 
computation by the aid of a table of binary 
logarithms,® by simply moving the decimal point 
three places to the right in the logarithm of the 
frequency ratio concerned. The octave as such 
then is quite susceptible to decimal division, but 
since musical usage has a 12-part division of the 
octave, the semitone, for example, comes out to 
a rather awkward 83.33+ millioctaves. 

On the contrary, neither the centitone nor the 
cent, being 100-part subdivisions of the tempered 
whole tone and semitone, respectively, are handi- 
capped in the manner indicated above. Each 
unit is found in works which are in print.’ 7? 
Because of the impetus given by Ellis, the cent 
has probably been the more widely used of the 
two, and it appears to be “‘the most satisfactory 
of the units that have been proposed.’’? More- 
over, tables*-'!° are now available for conveni- 
ently finding the number of cents corresponding 
to given frequencies or frequency ratios. 

From the foregoing it is evident that to agree 
with common usage a logarithmic frequency scale 
should be based on the 2/1 ratio, the octave, 
and when further subdivision is required the 
semitone and cent are particularly appropriate. 


REFERENCE FREQUENCY 


Returning now to Fletcher’s proposition? of 
frequency level, let us review briefly some reasons 
which support the choice of 16.352 cycles/sec. 
as a reference frequency. 

(a) It has become the custom for musical 
purposes to consider the tone C as the point 
from which to count complete octaves. While 
this is not universally true and indeed logic 
might point to A as the starting point, yet 
common usage has settled on C. Note for 
example that most subscript notations apply 


6 G. H. Pohland, Binary Logarithms (1931). 

7H. von Helmholtz, Sensations of Tone, translated by 
A. J. Ellis (Longmans Green, 1912). 

8A. T. Jones, Sound (Van Nostrand, 1937), p. 59, pp. 
434-435. 

* E. M. von Hornbostel, Zeits. f. Physik 6, 29-34 (1921). 

1 R. W. Young, A Table Relating Frequency to Cents 
(C. G, Conn, 1939), 
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the same suffix to all those tones within an 
octave, ascending from C as the first tone. 

(b) The American standard of musical 
pitch": '* is the A of 440 cycles/sec. Therefore, 
in order to make all the frequencies to which 
fixed pitch instruments are nominally tuned fit 
nicely into a scheme of frequency level, it is 
necessary to choose a reference frequency which 
is some integral number of semitones from the 
A of 440 cycles/sec. 

(c) The lowest pitch audible to the average 
ear is produced by a frequency roughly in the 
neighborhood of 16 cycles/sec. There is a C, 
57.00 semitones below 440 cycles/sec., which 
has such a frequency, i.e., 16.352 cycles/sec. 

The three considerations just outlined are 
satisfied by the frequency of 16.352 cycles/sec. 
This C is, therefore, a logical reference point 
from which to start a logarithmic frequency 
scale. 


FREQUENCY LEVEL AS AN OCTAVE COUNT 


Frequency level as first defined by Fletcher? 
constitutes a count of octaves to some given 


frequency, f, from the C of 16.352 cycles/sec. 
Therefore, it appears appropriate to call the 
unit of the frequency level so obtained the 
octave count (abbreviated oc). Thus, we have 


frequency level (in oc) =loge (f/16.352) 
= logs f—loge 16.352 
= 3.322 Xlogio f—4.031. 


By the use of a term such as octave count it is 
possible to differentiate between the particular 
interval, here defined as frequency level and 
measured in octaves from a reference frequency, 
and the number of octaves in general which may 
express the interval between any two frequencies. 
The need for this distinction is analogous to that 
which has prompted the suggestion’ of vu to 
label the number of decibels above a certain 
reference standard. 


11 American Tentative Standard, Acoustical Termi- 
nology, Z24.1, J. Acous. Soc. Am. 9, 60-71 (1937). There 
is an obvious error in this report, giving the 5/3 ratio as 
equivalent to 844.359 cents instead of 884.359 cents. 

12 There is hope that this may eventually become the 
international standard. See Musique et Instruments 29, 
237, 263, 283, 287 (1938), also current British National 
Acoustics Committee resolution. 

18 Affel, Chinn and Morris, Electronics 12, No. 2, 28-29 
(1939). 
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FREQUENCY LEVEL 
SUBSCRIPT NOTATION FOR MUSICAL Tongs 


Various systems have arisen for identifying 
without the aid of the staff, tones employed jp 
music. The usefulness of such abbreviations jg 
enhanced when the identifying suffixes posses 
some significance, and such a system follows 
logically from the idea of frequency level. 

Having arrived at the reference C of 16.35) 
cycles/sec. by the reasoning outlined above, we 
may well call it Co. Now ‘‘middle”’ C, which hag 
a frequency of 261.63 cycles/sec., is four octaves 
above this (reference) Co, and may therefore be 
designated C,. Following the usual practice, all 
those tones within any one octave, starting with 
C as the lowest tone and including the B ney 
above, are identified by the same subscript as 
that used for the C. This means, for example, 
that the E just above middle C, is marked &,. 
The subscript gives at a glance the frequency 
level, as measured approximately in octaves, 
of a tone designated by its letter name and 
subscript. 

A comparison of this notation with staf 
notation and the piano keyboard is given at (1) 
in Fig. 1, along with examples of other systems 
that have been used for staveless notation of 
musical tones. One need but glance at the 
various notations for a single tone in any one 
column to be convinced that there is a sorrowful 
lack of agreement in usage. 

At (2) we see a variant of the method used by 
Koenig and quite widely followed in the United 
States." 

At (3) is shown the combination’ of lower and 
upper case letters, primes and inverted primes 
often used in musical works. At (4) is another 
variation,'® also met with in musical works, o 
the same system, with an accumulation d 
“lines” not likely to make the life of a printer 
any happier. 

At (5) is depicted what might be called a 
“middle C reference’’ system, the origin of which 
certainly goes back many years. It is principally 
seen in connection with the organ.'® 


4 P. C. Miller, Science of Musical Sound (Macmillan, 
1926). 

18K, W. Gehrkens, Fundamental of Music (Ditson, 1924), 
p. 166. 

16 1,, N. Leet, J. Acous. Soc. Am. 3, 246 (1931). 
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Ca Cs Cr 
4 C, Cie Ces 
C, C3 C2 C, 
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Fic. 1. A comparison of staveless notations. 


At (6) is a system of subscripts derived" by 
counting octaves to the ¢ in question from a Co 
of approximately one cycle/sec. 

At (7) the subscript is derived from the 
number of the corresponding key of the piano." 
Two digits are required for the more commonly 
used tones, and it is something of a task to 
memorize the appropriate numbers. 

At (8) is another ‘‘middle C reference’’ system'® 
in which the C’s above the reference C are shown 
by a superscript and those below by a subscript. 

Many variations of the systems mentioned are 
to be found in the literature. As a consequence, 
it is necessary that one explain the system he 
intends to use, regardless of which one it is. 

Obviously, the usefulness of staveless notation 
would be greatly increased if there were universal 
acceptance of one system. It is hoped that the 
merits of the method here shown at (1) will 
bring about its common usage. Among its 
advantages may be named the uniformity of the 
characters (letters of a single case and subscripts 


“Report of Standardization Committee,’ J. Acous. 


Soc. Am. 2, 318 (1931). 
J. Curwen, Musical Statics (1874), p. 7. 


only), subscripts nicely fitted into the musical 
range and requiring but one digit in general, and 
the significance of the subscript as a number of 
octaves from the approximate lower pitch limit. 
An explanation of the method of assigning 
subscripts is facilitated by the fact that C; is 
the first C on the piano, starting at the left. 
Similarly middle C, starting the fourth or middle 
octave of the 7+ octave piano, is C,. 


FREQUENCY LEVEL AS A SEMITONE COUNT 


For the reasons given previously the equally 
tempered semitone including its subdivision by 
hundredths, is convenient for the expression of 
intervals smaller than one octave. Consequently, 
when frequency level is to be expressed with an 
accuracy exceeding that of integral octaves, it 
is logical to use the semitone. Moreover, it is 
desirable to distinguish frequency level from 
any other interval measured in semitones, by 
the use of a term such as semitone count (ab- 
breviated sc). Thus 


frequency level (in sc) = 12 Xlogs (f/16.352) 
=12Xlog: f—R, 
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where the logarithm of the reference frequency 


R=12Xloge 16.352 
=logou2 16.352 = 48.3763. 


Any of the tables referred to previously*'® 
for finding number of cents may be employed to 
aid the computation of frequency level in sc, 
and the last one gives frequency level directly 
(to the nearest cent) for any frequency between 
32 and 4000 cycles/sec. However, by the aid of 
a table of ordinary logarithms 


frequency level (in sc) = 39.863 Xlogio f — 48.38. 


Indeed if only accuracy of expression to the 
nearest semitone is required (+3 percent in 
frequency) a table of frequencies for the equally 
tempered scale will suffice for the translation 
from frequency to frequency level and vice 
versa. The semitone count may be oriented by 
remembering, for example, that middle C4, 
frequency 261.63 cycles/sec., has a frequency 
level 48 sc. 

Now the frequency level of the A of 440 
cycles/sec. is written 57.00 sc showing that this 
A is 57.00 semitones counted up from the 
reference Cy. Also by remembering that this A 
is designated as A, it is convenient on occasion 
to find its frequency level by a process similar 
to the following. 

In any octave we have: 

C C# D D¥E F FEGG#A A# B C 


Semitones 


aboveC 0 12 3 45 67 8 9 10 11 12, 


and A is nine semitones above C. 

The C just below the A, with which we are 
concerned at the moment is C4, the subscript 
indicating that this C, has a frequency level of 
48 sc (a count of 4 octaves=4 X12 semitones). 
Consequently, the frequency level of the A, is 
48+9=57 sc. We see that upon adding semitones 
to frequency level in sc we get a new frequency 
level. Likewise, one frequency level in sc may be 
subtracted from another to obtain the interval 
in semitones existing between the two frequencies 
concerned. 

It is interesting to note in passing that the 
frequency level of 120 sc corresponds to a 
frequency of 16744 cycles/sec. This means that 
practically the entire audiofrequency range is 
neatly divided into 120 logarithmic units by the 


YOUNG 


frequency level scheme, 100 of the units being 
employed for frequencies up to 5000 cycles/sec. 
The fact that the actual integral units of the 
scale do not correspond to round numbers of 
cycles/sec. need cause no more discomfort than, 
for instance, the fact that 45 db sound intensity 
level corresponds to an absolute sound intensity 
of 3.162 K10-" watt/cm?. 


PRACTICE OF NAMING LOGARITHMIC UNits 


The objection has been raised® that since it js 
a pure number a _ logarithm fundamentally 
requires no further label. However, the practice 
of identifying logarithms of ratios of certain 
particular quantities by special names may be 
defended by reference to some of the units 
which usage has already justified: the bel, 
decibel, neper, savart, octave, semitone. 

The need for distinguishing what quantities 
are involved in a given logarithm was recognized 
by A. H. Davis in his proposal’ that the word 
brigg be used for describing the logarithm on the 
base 10 of any ratio in general. In this manner 
the word bel could be restricted to the logarithm 
of power ratios, and thereby some of the con- 
fusion might be avoided which results from the 
current practice of loosely expressing almost any 
quantity in bels or decibels. 

The need for a similar distinction in the case 
of the logarithmic units used to describe fre- 
quency ratios may be illustrated as follows. 
Suppose that a cello string is stopped at a 
position such that the frequency of the vibrating 
string is three semitones above the ‘“‘open” 
string frequency, in which case the ‘‘stopped” 
length is 2~*/? times the ‘‘open’’ length. It might 
be said that the frequency is increased by three 
semitones by decreasing the length three ‘‘semi- 
tones.’’ This one-to-one correspondence (disre- 
garding sign) happened to be true in the case 
of length. However, had the linear density been 
changed in the ratio of 2-*/" the frequency 
would have increased only } semitones. 

Nevertheless, the concept of changing quanti- 
ties by a certain number of 2!!! ratios is a 
convenient one on occasion, so it is proposed to 
assign a name to this ratio, such as semitone ratio 


Proc’ 


19‘ ogarithmic Units: A Need in Acoustics,” 
Phys. Soc. 46, 631-633 (1934). 
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TABLE I. Terms for ratio units. 














RATIO FREQUENCY 

VALUE ABsTRACT RATIO RATIO FREQUENCY LEVEL 
2/1 Binary ratio—br | Octave Octave count—oc 
(2/1)! | Semitone ratio—sr Semitone | Semitone count-sc 
(2/1)!/9| Cent ratio—cr Cent 








For Comparison 











RATIO POWER 
VALUE ABSTRACT RATIO RATIO VoLUME LEVEL 
10/1 Decibrigg—dbr | Decibel | Volume unit-vu 














(abbreviated and read “‘sr’’). In this way the 
word semitone can be restricted to be a measure 
of frequency ratio only, and the sr used to express 
any ratio in general on the 2'/” base. Any further 
broadened use of the word “‘tone’’ ought to be 
discouraged, since ‘‘tone’’ already has enough 
varied meanings to make it difficult to define. 

Following the same reasoning just applied in 
the case of the semitone, two generalized quanti- 
ties gg and gq; may be said to differ by seven 
“cent-ratios”’ (abbreviated 7 cr) if ge/qi=27/?. 

Likewise if the octave be restricted to the 
measure of frequency ratio only (although not 
necessarily audiofrequency) some means should 
be available to identify the number of 2/1 ratios 
which expresses the ratio of any two quantities. 
Since this number is equal to the binary loga- 
rithm of said ratio, the unit br is suggested for 
the general 2/1 ‘‘binary ratio.” 

The various terms that have been discussed 
for the identification of frequency ratios are 
summarized in Table I. 

Finally, it should be noted that since there is 
not a one-to-one correspondence between pitch 
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and frequency or frequency level, for the sake 
of clarity the same terms which have been used 
to describe frequency intervals (octave, semitone, 
etc.) ought not to be applied to pitch without 
suitable qualification. An analogous situation 
exists in the case of loudness, where the phon is 
used for equivalent loudness and the decibel for 
intensity level. 


SUMMARY 


For the expression of audiofrequency on a 
logarithmic scale, reasons have been presented 
supporting the propositions: (1) that a reference 
frequency Cy=16.352 cycles/sec. be recognized, 
(2) that frequency level as an octave count (oc) 
from this reference frequency be used for gross 
measurement and that frequency level as a 
semitone count (sc) be employed when a unit 
smaller than one octave is required, (3) that a 
subscript notation be adopted for designating 
musical tones, which shall indicate approxi- 
mately the frequency level of said tones in 
octaves counted above Co, (4) that words such 
as octave, tone, semitone and cent already in 
use be restricted to the indication of ratios of 
frequency only and that other terms be employed 
to identify the corresponding ratios of other 
quantities. 
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An Acoustic Transmission Line for Impedance Measurement 
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Department of Electrical Engineering, Massachusetts Institute of Technology, Cambridge, Massachusetts 


(Received February 17, 1939) 


A method and apparatus are described for rapid and accurate measurement of acoustic im- 
pedance in terms of the characteristic acoustic impedance of a tube. The measurement consists 
of the simple determination of the location and relative magnitude of the maximum and mini- 
mum sound pressures along the tube. The impedance of the termination of the tube can then be 
read directly from a slightly modified hyperbolic tangent chart. Two methods are given for 
measuring the impedance of acoustic elements with cross sections different from that of the 


measuring tube. 





INTRODUCTION 


HE determination of the acoustic impedance 
of the termination of a tube in terms of the 
sound-pressure distribution in the tube dates 
back at least to 1913.1 Since that time many other 
methods for the measurement of acoustic im- 
pedance have been published.?-* The particular 
method described below is rapid and precise, and 
notably free from unnecessary or unverifiable 
assumptions. A tube is terminated by the acoustic 
element the impedance of which is to be meas- 
ured, and the location and relative magnitude of 
the sound pressure maxima and minima in the 
tube are determined. The impedance of the 
termination can then be read directly from a 
chart. The characteristic impedance of the tube 
serves as the standard in terms of which the un- 
known impedance is evaluated. No junctions or 
branch couplings are involved in the apparatus, 
and the need for acoustic resistance standards, 
which are required by bridge methods of meas- 
urement, is avoided. 
1H. O. Taylor, ‘‘A Direct Method of Finding the Value 


— as Sound Absorbers,’’ Phys. Rev. 2, 270 
1913). 

2A. E. Kennelly, ‘‘The Measurement of Acoustic 
Impedance with the Aid of the Telephone Receiver,” 
J. Frank. Inst. 200, 467 (1925). 

3G. W. Stewart, ‘Direct Absolute Measurement of 
Acoustical Impedance,’’ Phys. Rev. 28, 1038 (1926). 

4E. C. Wente and E. H. Bedell, ‘‘Measurement of 
Acoustical Impedance and Absorption Coefficients,’’ Bell 
Sys. Tech. J. 7, 1 (1928). 

5P. B. Flanders, ‘‘A Method of Measuring Acoustic 
Impedance,’’ J. Acous. Soc. Am. 4, 402 (1932) July supple- 
ment (Vol. 4, No. 1, part 2). 

6 R. D. Fay and W. M. Hall, ‘‘The Determination of the 
Acoustical Output of a Telephone Receiver from Input 
Measurements,’’ J. Acous. Soc. Am. 5, 46 (1933). 

7K. Schuster, ‘‘Messung von akustischen Impedanzen 
durch Vergleich,’’ E.N.T. 13 (No. 5), 164 (1936). 

8 N. W. Robinson, ‘‘An Acoustic Impedance Bridge,”’ 
Phil. Mag (7) 23, supplement No. 156, 665-681 (1937). 


The term “‘acoustic transmission line”’ is ap. 
plied to the apparatus on account of the analogy 
to the electric transmission line, which is also 
frequently used for impedance measurement. 
The apparatus has been developed in the Sound 
Measurements Laboratory of the Electrical 
Engineering Department of Massachusetts Insti- 
tute of Technology under the supervision of R. D, 
Fay. 

In the present form of the apparatus, measure- 
ments can be made conveniently between 270 
and 6000 c.p.s. Although directly applicable to 
the determination of the impedance of acoustic 
elements having the same cross section (2.81 cm’) 
as the tube constituting the line, the apparatus 
can readily be adapted to the measurement of 
elements having other cross sections. It has al- 
ready found considerable application in the 
measurement of impedances of horns, filters and 
loudspeakers, and in the measurement of sound 
absorption coefficients and attenuation. A sub- 
sequent paper by Fay describes a typical applica- 
tion to the analysis of a moving-coil telephone 
receiver. 


DESCRIPTION OF APPARATUS 


A photograph of the device is shown in Fig. | 
and a drawing of its essential elements in Fig. 2. 
An annular groove of rectangular cross section is 
cut in a brass base-plate. An opening through 
the bottom of the base-plate connects one end of 
this groove with a sound source. An extension of 
the other end of this groove connects with a 
straight section of round tube, which in turn is 

®W. L. Barrow, ‘‘Measurement of Radio Frequency 


Impedance with Networks Simulating Lines,"’ Proc. I. R. 
E. 23, 807 (1935). 
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Fic. 1. Acoustic transmission line. 


terminated in the acoustic element which is to be 
measured. The tube is }” outside diameter, 
0.065” wall. This size because it 
matches most horn throats and receiver units 
quite closely. The cross section of the rectangular 
groove is the same as that of the tube, and the 
transition from rectangular to round section is 
made gradually in order to minimize reflections. 
This gradual transition was obtained by deform- 
ing a section of lead pipe, and determining the 
areas of successive cross sections of the pipe by 
measuring the volume of water required to fill it 
to successive levels, with its axis in a vertical 
position. 

The annular groove is closed by a smooth 
cover-plate in which is mounted a miniature con- 
denser microphone with its diaphragm flush with 
the surface. Rotating the plate carries the micro- 
phone along the groove, and in this way makes 
possible the measurement of the sound pressure 
distribution. The cover-plate is made sound-tight 
by sealing it to the base-plate with heavy oil. 

The useful length of the annular groove over 
which the transmitter can be moved is 24 inches. 
This fixes the lowest frequency at which the direct 
method of measurement described below can be 
used at about 270 cycles, for the microphone 
must be movable over half a wave-length in the 
tube, if at least one minimum and one maximum 
sound pressure are to be encountered under all 
conditions. 

The electrical equipment required for the 
measurements comprises a power source for the 
receiver and a means for measuring the voltage 
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IMPEDANCE ME 


ASUREMENT 141 


output of the microphone. For precise measure- 
ments a comparison method such as illustrated in 
the circuit of Fig. 3 is desirable. The voltage 
output of the first stage of amplification is com- 
pared with the input voltage to the receiver, or a 
definite fraction thereof, by means of a calibrated 
voltage divider. The remainder of the amplifier 
and the indicating meter then serve as a vacuum- 
tube galvanometer, and need neither be cali- 
brated nor remain constant over long periods of 
time. Any error due to change in input voltage 
to the receiver is also eliminated by this method. 

For rapid measurements of somewhat lower 
precision the relative sound pressure may be de- 
termined by the reading of the indicating meter, 
and the comparison method dispensed with. 


Basic THEORY 


The sound pressure P in the tube can be ex- 
pressed, using the customary exponential nota- 
tion, as: 


P=Py[ertit+e-¥-i¢ ]eiet 


in which Po=a reference pressure, Y= yW.+ax, 





—— 12" 
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Fic. 2. Design of acoustic transmission line. 
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¥.:= value of y at the termination, a=attenuation 
coefficient, x =distance measured along the tube 
from the termination (see Fig. 3), ¢6=@:+27x/k, 
¢:=value of ¢ at the termination, \=wave- 
length, and w=27X the frequency. 

The term ‘‘acoustic impedance” will arbitrarily 
be used to mean the ratio of sound pressure to 
particle velocity. The characteristic acoustic im- 
pedance Z,» of the tube will accordingly be defined 
as the ratio of sound pressure to particle velocity 
of a free progressive wave traveling down the 
tube. Then the impedance at any point in the 
tube will be: 


eVtie — ——¥—i¢ 


eVtiot ——v—id 
z-2,(—_—__) =Zocoth (Y+j¢) (2) 


and the impedance of the termination will be: 
Z1=Z coth (Yitjor). (3) 


If the sound pressure be measured along the 






TERMINATION 


OSCILLATOR 





CALIBRATED 


VOLTAGE DIVIDER METER 


Fic. 3. Measuring system. 
tube a series of maxima and minima will be ob- 
served. Neglecting the effect of attenuation in 


the tube the maximum sound pressure will have 
a magnitude: 


Prnax = Po(e¥t +e) (4) 
and will occur at the points where: 
b= o:+21x/A=nx. (5) 


Let this value of x be called L. The minimum 
sound pressure will have a magnitude: 


Prin = Po(e¥t—e-‘) (6) 
and will occur where 


b= d:+24x/h=(n+})z. (7) 
Then: 
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P s 
Re jX «=< z, coth [(cotn™ Foi? + 5-4 + na} 


Fic. 4. 
R+jX =Zocoth [(coth™ P max/P min) +j(—27L/A+nz)]} 


Pusx eVite-ve 








= ———=cotl 
.. wee coth y, (8) 
and 
2rL 
o.=— r +nr. (9) 


The impedance of the termination can now be 
written : 


P wen 2rL 
Z,=24 coth( coth-* | +i( ne )I (10) 
Pain r 


This is the basic expression to be used for the 
calculation of the impedance of the termination 
in terms of the location and relative magnitude of 
the maximum and minimum sound pressures 
along the tube. The calculations can be greatly 
simplified by the use of charts of hyperbolic 
functions, such as that shown in Fig. 4. 

In practice, the location of a pressure minimum 
is generally determined, rather than the location 
of a pressure maximum, because of the greater 
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accuracy possible. The distance from the point 
of minimum pressure to the point where the 
minimum pressure would occur if the line were 
terminated in a rigid plunger is used instead of 
the actual distance to the end of the line. 


EFFECT OF ATTENUATION 


If attenuation in the tube be taken into ac- 
count, Y=Y.tax and: 


} —_ Po(ev eter + e-¥ 42) : 


P nts = Po(e¥tte= —e-¥e-az) | 


(11) 


Since the effect of the attenuation on the ampli- 
tude of either the incident or the reflected wave 
is very slight, the exponential term e¢** can be 
replaced by the first two terms of its power series 
expansion : 

7 = 1+ax. 


The change in amplitude of either the incident or 
the reflected wave is thus proportional to the 
distance x along the tube. Consequently the 
amplitude of successive minima or maxima will 
vary linearly with the distance from the ter- 
mination : 


Prax = Pole¥*(1+ax) +e-¥*(1 —ax) ], 


(11a) 
Prmin= PoLe¥*(1+ax) —e-¥*(1 —ax) ]. 


The expressions for the algebraic sum and 
difference of the pressures of the incident and 
reflected waves at the termination of the tube are: 


Pole¥'+e-%*) and Po(e¥!—e-¥*), 


These terms can be determined easily by measur- 
ing two Or more successive maxima and minima 
along the tube and extrapolating their magni- 
tudes to the termination, where x=0. 

In practice, the only occasion on which this 
correction becomes important is when the reflec- 
tion is very nearly complete, so that the minimum 
sound pressure is a small difference between two 
nearly equal large quantities. In this case, since 
¥:is very nearly equal to zero, 


evitez=14y,tax, (12) 
The maximum pressure is 
Prax = Po(1+y,+ax+1—yY,—ax) =2P, (13) 
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and the minimum pressure is: 
Prin= Po(l+yitax— 1 +y,.+ax) 


=2Po(¥itax). (14) 


Thus the maximum pressure is independent of 
the distance along the tube, and: 


Pinax 1 


= ‘ (15) 
Phin Yrtax 








where x in this case refers to the distance from 
the termination to the point of minimum sound 
pressure. 


EFFECT OF MICROPHONE SIZE 


The above derivation assumes that the pres- 
sure along the tube can be measured at discrete 
points. Actually the microphone that picks up 
the sound covers a finite length of tube. Its out- 
put is the integral of the response over its entire 
surface to sound pressure along the tube. This 
pressure varies both in magnitude and in phase. 
No error is introduced into the determination of 
the terminating impedance by this situation : the 
only effect is to decrease the sensitivity of the 
measuring system as the wave-length becomes 
comparable with the width of the microphone. 
This fact is best demonstrated by expressing the 
pressure along the tube in trigonometric form: 


P=P, cos (wt+2ry/d)+P2cos (wt—2ry/r) (16) 


wherein: P,=magnitude of the pressure of the 
incident wave, P,= magnitude of the pressure of 
the reflected wave, and y=distance measured 
from a point of maximum pressure in the tube. 
Rewriting the above equation: 


2ry 
P=(P,+P2) cos — cos wt 
X 


2ry 
—(P,—P2) sin — sin of. 
r 


(17) 


At a point of maximum pressure in the tube: 


2ry 
cos —— 
N 


2ry 
—=0Oor7, 


=1 








2ry 
sin —— 


and =(. 
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Thus the sin wt term contributes nothing to the 
pressure. If, instead of measuring the pressure at 
that point, the microphone integrates over a 
region from 


2ry 2ry 
—=-d to —=-+d, 
d 


the average magnitude of the coefficient of the 
cos wt term is decreased but the sin wf term still 
contributes nothing, since the contributions from 
the positive and negative values of y just cancel. 
At a point of minimum sound pressure: 


_ dry 
sin —— 


2ry 


cos ——| =0; =1. 














The effect of integrating the pressure over the 
region from 2ry/A=2/2—d to 2ry/A=7/2+d is 
just the same as above. The average magnitude 
of the sin wt term is reduced by the same factor 
as that by which the coefficient of the cos wf term 
was reduced, at a point of maximum pressure, 
and the contribution from the cos wf term is 
zero because the contributions from either side 
of 2ry/A=7/2 cancel. Hence the observed ratio 
of maximum to minimum pressure in the tube is 
unaffected, although the observed absolute mag- 
nitude of the pressure is less than the true 
magnitude at either the point of maximum pres- 
sure or the point of minimum pressure. As only 
the ratio of pressures is used in the measurement, 
no error results. 


CHANGE IN Cross SECTION 


The acoustic transmission line can be used to 
measure the impedance of an acoustic element, 
such as a horn throat or a telephone receiver, 
having a cross section different from that of the 
line. The most convenient method to use depends 
on the cross section area of the element to be 
measured. If the element has very nearly the 
same cross section as the line, the simplest pro- 
cedure is to introduce an abrupt change in the 
cross section of a tube connecting the line to the 
unknown, as shown in Fig. 5. For greater changes 
in cross section, a conical connecting section can 
be introduced, as shown in Fig. 6. 

The treatment of the abrupt change in cross 
section is as follows. The pressure on each side of 
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Fic. 6. Conical connecting section. 


the change in cross section is the same. For the 
motion to be continuous, the particle velocity 
either side of the discontinuity is inversely pro. 
portional to the cross section area. The im. 
pedance, equal to the ratio of pressure to velocity, 
is therefore directly proportional to the cross 
section area. Referring to Fig. 5, the impedance 
at the right of the discontinuity is given by the 
expression Zy=(Az,/Ar)Z1, wherein Ax and A, 
are the cross section areas of the conduit to the 
left and to the right of the change in cross section, 
and Z, is the impedance immediately to the left 
of the change in cross section. 

To determine the impedance of a termination 
at a distance d to the right of the discontinuity, 
measure the impedance Z, at the left of the dis. 
continuity in the usual manner. Let this be: 


Zi=Z, coth (Wi+J¢z). 


Let the impedance immediately to the right of 
the change in cross section be: 


Zr=Zy coth (WetJor). 
Then: 


A 
Yertibe—coth-| coth (y +i6:)| (18) 


R 


The impedance at the termination is then given 
by: 

Zr=Zy coth (Wr+j¢r), (19) 
wherein 


Yr=WVr or=(dr—2rd/d). 


As might be expected from a consideration of 
the end correction in open pipes, the effective 
location of the change in cross section is not | 
necessarily the same as the physical location. A 
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simple experimental means can be employed to 
determine this effective location. 

If the tube is terminated in a rigid plunger, 


yr=0, o7r=0, or=2nd/d 


and 
coth (Ve tjor) =j cot or, 
coth (vrtj¢r) =j cot ¢.=j(A1/Ap) cot dr. (20) 


$, will equal dz when ¢z is 0 or mx/2. When or 
has these values, the plunger will be an integral 
number of half wave-lengths from any point of 
maximum pressure in the measuring tube, and 
an integral number of quarter wave-lengths from 
the effective location of the discontinuity. The 
location of the plunger that makes ¢p equal 0 or 
nx/2 can be determined readily by inspection of 
a plot of plunger location versus location of 
maximum pressure in the acoustic line. 

The magnitude of the discontinuity, if it is 
not already known, can also be evaluated easily. 
If the plunger is located so that ¢g=7/4+n7/2, 
then |cot ¢|=1, and |cot ¢z|, which can be 
measured by the usual method with the line, is 
equal to A,/Ar. 

An interesting application of the above method 
of determining the location and magnitude of a 
change in cross section was made in the initial 
tests of the performance of the apparatus. In 
order to find out how successfully the transition 
from round to rectangular cross section had been 
obtained, the round section at the end of the line 
was extended, and plots were made of the loca- 
tion of a plunger in the extension versus location 
of maximum sound pressure in the line. A slight 
periodic variation in distance between plunger 
and point of maximum sound pressure was de- 
tected, which could be attributed to a slight, 
abrupt change in cross section, and corrected for 
accordingly. This discontinuity is not sufficient 
to warrant taking into account except where 
high precision is necessary. 

The treatment of the coupling between the 
acoustic line and acoustic element of different 
cross section, by means of a conical section, is as 
follows. Because of the nature of spherical radia- 
tion, it is simpler to deal with admittances than 
with impedances in this case. Acoustic admit- 
tance will be defined as the ratio of particle 
velocity to sound pressure, which is the reciprocal 
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of acoustic impedance as defined earlier in this 
paper. Considering radial motion only, and using 
the customary vector notation, the admittance 
Y at any radius in the conical section is given by: 


1 - ye 2 rlA —Age2tr!h 


Zo A ye 2 AL A g¢2tr/h 


nN 


2ur 


wherein A; and Az define the magnitude and 


phase of outward and inward traveling waves. 
Let: 
Ay =A e¥tido, Ag=Ape-¥—!%, 


wherein y specifies the relative magnitude of the 
two waves and @p specifies their relative phase. 
Then the admittance Y can be expressed : 


Lrevtio_e-v-io yy 
r-—| i] (22) 
Zoevtiote-v-id “Der 


or 
1 r 
Yy=— cant (y+j¢) -i—| (22a) 
Zo 2nr 


wherein: 


co) = do 2nr/x. 


To measure the impedance of the termination, 
the impedance at “‘a,”’ Fig. 6, is measured in the 
usual manner. Let this impedance be: 
Za=Zy coth (vatjoa). (23) 

Then 
Yu= (1/Zo) tanh (Watjoa). 


This must equal the admittance in the conical 
sections at R;: 


(24) 


1 
} = YR =—[tanh (Wa +j¢a) | 
Zo 





0! 


1 r 
= -| tanh (YitJjo1) —j | (25) 
Z 27rR, 


Hence tanh (¥1+/¢1) is found by adding j7A/27R, 
to tanh (¥.+j¢.). This can be done graphically 
on the chart of Fig. 4. It will be noted that 


tanh (¥+j¢) =1/coth (y+ ¢) 
=coth (¥+j(¢+7/2)). 
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The admittance at the outer end of the conical 
section Ya, is: 


1 
Y= tanb (Y2+Jo2) -i—|. (26) 
Zo 27Re 
wherein 
Re—R, 
Yeo=v1, d2=¢1—27 ——""). 


The admittance Yr, must equal the admittance 
of the straight section at b: 


1 
Yr.= sad” maaan (Yot+jor) |. (27) 
0 


Tanh (¥,+7¢») is found by subtracting j (A/27R2) 
from tanh (~2+j¢2). Finally, 


Yr=(1/Z») tanh (¥r+j¢7), (28) 


wherein 


Yr=, or=d—27d/n. 


The conical section should have a gradual 
enough taper so that its axial length is substan- 
tially the same as the length measured along an 
element of the cone. This assures that the wave 
front will be nearly plane. There will be an un- 
certainty in the effective length of the section 
because of this difference in distance along this 
axis and along a cone element. This uncertainty 
can be eliminated and the accuracy of the method 
verified by measuring known acoustic im- 
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pedances, such as provided by terminating the 
system in a tube containing a rigid Sliding 
plunger. 


CONCLUSION 


Because of the speed and accuracy with which 
measurements can be made, using the acoustic 
line, it is possible to make extensive studies of 
the impedance of horns, filters and_ similar 
acoustic elements, that would otherwise be im. 
practical. 

Reference is made to a subsequent paper by 
Fay on the moving-coil telephone receiver for an 
example of the application of the method and 
apparatus herein described. The possibility of 
using the same equipment for the measurement 
of acoustic elements of various cross sections 
makes the system quite versatile. In particular, 
the use of a conical coupling section makes pos. 
sible the measurement of the average impedance 
over a large cross section, that would be very 
difficult to make in any other way. This offers 
interesting possibilities for the study of sound 
transmission in conduits large with respect to 
the wave-length, a problem to which it is now 
being applied. 
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The Calculation of Chladni Patterns 


J. K. Stewart Anno R. C. CoLWELL 
West Virginia University, Morgantown, West Virginia 
(Received November 25, 1938) 


N APPROXIMATE solution for the Chladni 
patterns on square plates has been devel- 
oped in the form 


marx nTry 
W=A cos —— cos —— 
a a 
nTx mry 
— B cos —— cos ——-= 0. (1) 
a a 


Either term of this equation represents straight 
lines parallel to the sides of the square, but when 
the two terms are mixed in any desired propor- 
tion by giving the proper values to A and B, all 
the varied nodal curves may be worked out. 
Since m and n are interchangeable in the two 
terms, both terms may be formed at the same 
frequency because the frequency is also de- 
pendent upon m and n. In the case of a circular 
plate (or membrane) a fairly accurate solution 
is given by the equation 


W=AJ,(kr) cos n(@— az) 
—BJ,,(k'r) cos m(@—am)=0. (2) 


The first term of this equation AJ,(kr) 
Xcos n(@—a,) has heretofore been given as the 
complete solution (Kirchhoff’s) of a vibrating 
plate. In reality, however, it represents only 
circles and radii corresponding to the straight 
lines on the square plate. If a second vibration, 
which may arise in many ways, is represented by 
the second term B/J,,(k’r) cos m(@—am), then 
these two may be added together with different 
values of A and B to represent the complicated 
systems of nodal lines which appear on circular 
plates. There is this difference between the 
square plates and the circular ones. Every 


pattern which appears on a square plate has its 
mathematical equation and every pattern cal- 
culated from Eq. (1) can be produced upon a 
square plate. In the circular plates every experi- 
mentally produced nodal system must have an 
appropriate mathematical formula; but many 
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beautiful figures which occur in the mathe- 
matical equations cannot be produced upon the 
circular plates, the reason being that the & and k’ 
of Eq. (2) cannot be produced together in every 
case. 

In order to work out the nodal patterns for 
circular plates from Eq. (2), it is better to adopt 
a graphical method. For convenience the two 
tables printed in a previous paper! are repeated 
here. Table I gives the value of ka for various 
nodal systems. Poisson’s ratio is assumed to be 
0.33 and a is the radius of the plate. Eq. (2) is 
first thrown into the form 


y=Jnlk'r), y=KJ,(kr), 


A cos n(@— an) 
where x 


(3) 


iB cos m(0—om) 


The required lines consist of two basic systems 
of the Kirchhoff type added together in certain 
proportions determined by K. For example let 
the curve be intermediate between the Kirchhoff 
form of one circle and two diameters, and that 
containing two circles and no diameters, or 
mathematically S=1, nm=2 and S=2, n=0. 
From Table I, the values for ka are 5.937 and 


TABLE I. Values of ka for various nodal systems. n is the 
number of diameters; S the number of circles. 


Ss n=0 n=1 n=2 n=3 n=4 n=5 n=6 

0 ati e 2.292*| 3.497) 4.651) 5.75t| 6.80T 
1 | 3.014) 4.530*| 5.937*| 7.274) 8.55t| 9.794) 11.007 
2} 6.209] 7.737*| 9.16 | 10.55 | 11.95 | 13.25 | 14.50 
3 | 9.370) 10.91* | 12.41 13.86 | 15.24 | 16.57 | 17.88 
4 / 12.53 | 14.08 15.58 | 17.05 | 18.45 | 19.81 | 21.15 
5 | 15.68 | 17.23 | 18.73 | 20.21 | 21.63 | 23.01 | 24.37 
6 | 18.83 | 20.38 | 21.89 | 23.37 | 24.80 | 26.20 | 27.57 
7 | 21.98 | 25.53 | 25.04 | 26.52 | 27.96 | 29.40 | 30.86 
8 | 25.12 | 26.67 | 28.19 | 29.67 | 31.12 | 32.58 | 34.04 
9 | 28.26 | 29.81 | 31.33 | 32.81 | 34.28 | 35.74 | 37.21 

10 | 31.40 | 32.95 | 34.47 | 35.95 | 37.43 | 38.90 | 40.38 


* Values also given by Timoshenko (Vibration Problems in Engineer- 
ing (1928), p. 317). 
t Values true within 2 percent. 


1R. C. Colwell and H. C. Hardy, Phil. Mag. 24, 1041 
(1937). 





6.209, respectively. Hence Eq. (2) becomes 


5.937r 6.209r 
AL,{ ) cos 20— Bo ) =(0. (4) 


a a 








Now by making A large as compared to B, the 
curve approximates the Kirchhoff type of one 
circle and two diameters. By making B much 
larger than A, the curve approaches two circles. 
If we take A=5 and B=1, then 


K=5 cos 28, 


5.937r 6.2097 
y-Ks.(—"), y=Jo( ). (5) 
a a 


The period of K is z and the curve is symmetric 
with respect to 6=0 and 6=7/2. It is, therefore, 
only necessary to plot the curve from @ to 7/2 
and obtain the remainder by reflections. The 
graphs of Eq. (5) for K=1 and K=5 are shown 
in Fig. 1. The value of K is easily found for any 
value of 6. Then the plot of the second two 
equations in (5) on axes y and r/a gives at their 
intersection the values of r/a corresponding to 8. 
With the change in 6, the values of K are found 
which change the amplitude of J. The inter- 
sections of y=Jo and y= KJ» are read from the 





TABLE II. Roots of Jn(x) =0. 






































S n=0 n=1 n=2 n =3 n=4 n=5 
1 2.405 | 3.832) 5.135 | 6.379 7.586 | 8.780 
2 5.520 | 7.016| 8.417 | 9.760 | 11.064 | 12.339 
3 8.624 | 10.173 | 11.620 | 13.017 | 14.373 | 15.700 
4 11.792 | 13.323 | 14.796 | 16.224 | 17.616 | 18.982 
5 14.931 | 16.470 | 17.960 | 19.410 | 20.827 | 22.220 
6 18.071 | 19.616 | 21.117 | 22.583 | 24.018 | 25.431 
7 21.212 | 22.760 | 24.270 | 25.749 | 27.200 | 28.628 
& | 24.353 | 25.903 | 27.421 | 28.909 | 30.371 | 31.813 
9 27.494 | 29.047 | 30.571 | 32.050 | 33.512 | 34.983 
10 | 30.636 | 32.160 | 33.720 | 35.192 | 36.654 | 38.148 
TABLE III. 
6 K r/a 6 K r/a 
0 |5.000; 0.23 0.87 50 — .868 0.65 
5 |4.924| 0.235 0.87 39 — 1.710 0.83 
10 | 4.698] 0.241 0.871 60 — 2.50 0.84 
15 | 4.330) 0.250 0.872 65 —3.214 0.844 
20 | 3.830) 0.261 0.872 70 — 3.830 0.848 
25 |3.214| 0.27 0.873 75 — 4.330 0.852 
30 | 2.500) 0.28 0.874 80 —4.698 0.855 
35 1.710} 0.306 0.876 85 —4.924 0.858 
40 |0.868| 0.34 0.882 90 — 5.000 0.86 
0.387 
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curves with a fair degree of accuracy. These 
values are plotted against 6 in polar coordinates. 
A tabulation of the results for Eq. (5) gives 
Table III. From this table it is apparent that 
one branch of the curve advances from r=0.889a 
at 6=45° to r=a before 6 reaches 50°. When 7 is 
plotted against 6, the curve of Fig. 2 results. 
The shape of the curve may be changed from one 
form to another by changing the ratio of A to B. 

If the Kirchhoff form of two circles and two 
diameters is to be changed to another Kirchhoff 
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THE CALCULATION 
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form involving only one circle and one diameter, 
the ratio of A to B must be varied from infinity 
to zero. The steps are shown in Fig. 3 as the ratio 
varies from infinity through 10, 1, 1/10 and 0. 
The equation is 


9.167 4.35r 
43(—) cos 20~B(——~) cos #=0. (6) 


a a 


Approximate solutions are also obtainable in 
which the Bessel functions are replaced by 
trigonometric functions only. It should be under- 
stood, however, that although the patterns found 
are similar in appearance to the experimental 
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curves, they are somewhat distorted and are not 
correctly situated on the plate. The first approxi- 
mation comes from the observation that the 
curve y=J,(x) has a nearly sinusoidal form 
except that the first periods are stretched in the 
neighborhood of the origin and the amplitude 
decreases as x increases. The curve y=J,(x) 
may be replaced by y=ae~** cos mx. The value 






of the exponential factor may be disregarded 
when the number of circles in the two ideal base 
types is small. Hence we have 
nr mr A cos n’6 
y=cos—, y=Kcos—, K=———, (7) 
a a B cos m’6 
where the resulting curve is intermediate between 
one with circles and n’ diameters and one with 
m circles and m’ diameters. It must be kept in 
mind, however, that the Bessel functions do not 
behave as cosine functions at zero, so that the 
resulting patterns are inaccurate near the center 
of the plate. 
It is also possible that the patterns found are 
made up of a number of Bessel functions such 
that 


n 
y=) JX. 
1 


An appropriate approximation would then be? 
cos x= Jo(x) —2J2(x) —2J,(x), (8) 


which is similar to Eq. (7). These equations 
depend upon the first power of r/a; but there is 
no reason for thinking that higher powers do 
not enter the equation. For instance let us 
suppose that in some way all vibrations are 
suppressed except these due to (r/a)*. Let us 
then take an example in which m=n. It follows 
that the two auxiliary curves (Eq. (7)) are out of 
phase since J,,(x) and J,,(x) behave in this way. 
Then if the two base curves are respectively two 
circles with two diameters and two circles only, 
we write 








2rr? 2nr? 
A cos cos 206—B cos ( +") =0, (9) 
a’ e @ 
2rr? 2rr? 
or A cos —— cos 20—B sin ——-=0. (10) 
a? a? 


The graph of this equation appears in Fig. 4 (b). 
A similar pattern has been found experimentally. 
The pattern Fig. 4 (a) comes from the equation 


9.167 3.0147 
104-( ) cos 20— Jo )=o. (11) 


a a 








The base pattern for Eq. (11) consists of one 








2A. Gray, G. B. Matthews and T. M. MacRobert, 
Bessel Functions (Macmillan Co., 1922), p. 42. 
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curve with two circles and two diameters; the 
other curve has one circle only. 

In conclusion a few other patterns will be given 
and the equations from which they were plotted 
(Eqs. (12), Fig. 5). 


ur? 2rr? 
5 cos — cos 40+cos —— cos 20=0 (Sa) 
a? a? 
Sar? Arr? 
10 cos —— cos 30-+-cos ——=0 (5b) 
a? a 
3ar? 2rr° 
10 cos —— cos 20—cos —— =0 (5c) 
a® a* 
3nr* 2rr* 
10 cos —— cos 48—cos ——=0 (5d) 
a? a? 
8rr? 6rr? 
10 cos —— cos 66—cos —— cos 80=0 (Se) 
a? a® 





15.247 
104( — ) cos 46 
a 


15.587 
- of =) cos 26=0 (5f) 
a 


16.577 
105.(—— ) cos 40 (12) 


a 
17.23r 
-1(-——) cos 6=0 (5g) 


a 
16.577 
1(— : cos 56 
a 











17.23r 
-3(— ) cos 6=0 (5h) 
a 
9.37r 8.55r 
1(—) - 10s,(-—~) cos 48=0 (5i) 
a a 
3.014r 9.16r 
0 )- ( ) cos 206=0 (5j) 
a a 


10Jo 





3.0147 9.167 
)-2(—) cos 206=0 (5k) 
a 


a 


11.957 3.0147 
104( — ) cos40—Jo(— ; ) =0 
a a 


re ee 
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THE CALCULATION 
The equations in this group which contain 
Bessel functions represent the usual two normal 
components of a free vibration. They can be 
found experimentally. The others represented by 
cosine functions only will appear when suitable 
constraints are applied to the plate. We have not 
been able to discover how the constraints should 
be applied in any given case but we have been 
able to produce some of the patterns. 
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The photographic reproductions (Fig. 6) show 
clearly that two normal vibrations may occur at 


the same time on a circular plate, and thus 
produce symmetrical figures which are neither 
diameters nor circles. 

Our thanks are due to the Western Electric 
Company which donated the audio-oscillator 
used in producing the patterns of Fig. 6. 
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News of the Society 


THE TENTH ANNIVERSARY MEETING 


S noted elsewhere, the Tenth Anniversary Meeting 
was a notable occasion. There wasa record attendance, 
a splendid program, and a series of interesting events—a 
luncheon in honor of the first officers, an evening dinner, 
special demonstration papers, besides various luncheon 
and dinner parties, and a final well-planned visit to the 
World’s Fair. There was a general feeling of satisfaction 
that the Society had made a creditable progress during its 
first ten years, and that the future looked even better in 
prospect. 

Several administrative changes were made. The follow- 
ing officers were elected for the ensuing year, President, 
F. R. Watson; Vice President, F. A. Firestone; Secretary, 
Wallace Waterfall; Treasurer, G. T. Stanton. New Council- 
men elected were L. J. Sivian and W. F. Snyder to succeed 
C. R. Hanna and J. C. Steinberg, whose term of office 
had expired. After ten years of service, F. R. Watson re- 
signed as Editor, effective July 1 after the papers for this 
issue were ready for publication, and F. A. Firestone was 
appointed to complete the third year of the office. All 
communications about the Journal and its activities should 
be addressed to Professor F. A. Firestone, University of 
Michigan, Ann Arbor, Michigan. 

It should be noted that Part II of this July Journal will 
contain the new list of members, together with the History 
of the Society, the Constitution and By-Laws. Also, during 
the summer, the Cumulative Index will appear, giving a 
classified index of all the publications by title and author 
that have appeared during the past ten years. 


THE IowA MEETING 


HE fall meeting of the Acoustical Society will be held 
at the State University of Iowa, in Iowa City, No- 
vember 3-4. The program committee is arranging for 
several featured events. The Iowa Chapter of the American 
Institute of Architects will hold its annual meeting in Iowa 
City at the same time, and members of this group will 


join with the Society in a symposium on ‘‘Some Practica] 
Aspects of Architectural Acoustics.’”’ All of the speakers 
for this symposium have not been arranged for, but 
Professor V. O. Knudsen is scheduled to give the principal 
paper. The views of both acousticians and architects will be 
represented. 

Another feature of the meeting will be a symposium 
on “Hearing Defects.” Dr. Dean M. Lierle, Head of the 
Otology Department in the University Hospitals as well 
as other members of the Iowa Academy of Otolaryngology 
will be in attendance and will participate in the general 
discussion. The principal speaker will be Dr. M. H. Lurie 
of the Harvard Medical School. Others who will probably 
contribute papers to the symposium are J. C. Steinberg, 
Norman A. Watson, S. N. Reger, and W. C. Beasley. 

A third featured session will be devoted to acoustical 
studies of speech and music. It is too early to give any of 
the specific details of the session, but in view of the interest 
that has been shown in it by experimental phoneticians 
and musicologists, several significant papers are to be 
expected. 

Despite the fact that emphasis is to be placed on the 
topics listed above, there will be room on the program for 
an appreciable number of contributed papers. The com- 
mittee is interested in hearing from any members of the 
Society who have papers which they may wish to present 
at the meeting. Communications should be addressed to 
Professor Don Lewis, East Hall, Iowa City, Iowa. 


OBITUARY NOTICE 


HE sudden death on February 3 of Dr. J. E. R. 

Constable, who was only thirty-two years old, came 
as a great shock to his friends. He was a member of the 
staff of the British National Physical Laboratory, and did 
important work in the transmission and abatement of noise. 
At the time of his death, he was actively engaged in the 
preparation of a book on noise reduction in buildings. His 
wife, who was actively interested in the project, plans to 
complete the publication. 
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Current Publications on Acoustics 


F. A. FIRESTONE 


147 East Physics Building, University of Michigan, Ann Arbor, Michigan 


Reviews of Contemporary Papers 


EMBERS who have occasion to translate important papers from foreign journals will be 
doing a real service to those members who do not read the foreign languages easily, if they 
will prepare a review of such articles for publication in this section. 

These reviews should be of the nature of a lengthy abstract (500 to 1500 words) rather than a 
critique or appraisal, and should attempt to set forth in this limited space as much of the original 
author’s contribution as possible. One or two figures may be included if desired. 

To avoid duplication of effort it is desirable to arrange with the office of this department before 


writing a review. 


Absolute Calibration of Microphones. WW. ERNSTHAUSEN, 
Akust. Zeits. 4, 13 (1939).—Different laboratories yield 
remarkably different results in the absolute calibration of 
microphones. This paper presents a survey of the whole 
measuring problem from the point of view of internal con- 
sistency of four methods of measurement. The sensitivity 
(transfer constant) of the microphone is defined by the 
author as the e.m.f. generated at the electrical output of the 
microphone caused by an impressed alternating pressure of 
one microbar at a certain frequency. 

For low impedance microphones a measurement of the 
output e.m.f. with a high impedance measuring device or 
amplifier is sufficient. For high impedance microphones 
this is no longer permissible. In the case of a condenser 
microphone the loading of the dynamic input capacity of 
the first amplifier tube causes a considerable voltage drop, 
so that the e.m.f. of the microphone must be determined in 
some other manner. A comparison method comprising the 
insertion of a series e.m.f. which produces the same output 
from the amplifier as that produced by the microphone was 
used in this investigation. This comparison e.m.f. was 
derived from a low impedance generator and inserted in 
series with the microphone. Since the periodic excitation of 
the microphone turns it into a secondary radiator it would 
be necessary for an exact investigation to consider the 
influence of the room upon the loading of the diaphragm. 
However, these errors are small in case of the wave-length, 
large compared to the diaphragm. The measurements were 
made upon a Gerlach type of condenser microphone. 
Possible variations with temperature were repeatedly 
checked, and the microphone was always used in the same 
holder to avoid varying mechanical tensions. 

The Rayleigh disk method is considered first. For cali- 
bration purposes a calculation of the sensitivity of the 
Rayleigh disk from consideration of its physical properties 
was found not to be adequate, so instead it was calibrated 
in a steady air stream with the addition of a very small 
correction determined by the translatory shift. The disk 
was located on the axis of a tube 2 meters long and 9.5 cm 
radius. A light beam from an external incandescent lamp 
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entered the tube through a small window and was deflected 
through 90° by a small prism placed on the tube axis. The 
beam was in turn reflected from a small mirror fastened to 
the Rayleigh disk, through a second window onto an ex- 
ternal scale. A steady air stream from a compressed air 
chamber was introduced into the tube through a calibrated 
volume meter and controlled by a reduction valve. Filters, 
composed of several layers of felt and cotton-wool were 
inserted on both ends. The distribution of velocity of the 
air stream at the position of the disk was directly measured 
in the following manner: the disk was replaced by a centi- 
meter scale of thin wire illuminated by a prism from the 
outside. Then macroscopic suspended particles of poly- 
meric dehydrated acetal crystallized from the gaseous phase 
were added to the air stream. These particles are extremely 
light and have small tendency to sink down. The generating 
body used was commercial ‘‘meta’’ fuel! heated by a fila- 
ment. These particles, upon being introduced into the air 
stream, passed the highly illuminated centimeter scale. The 
transit time and the air volume were measured simultane- 
ously and from these the volume meter was calibrated 
directly in velocity. Then the disk was replaced and cali- 
brated. This calibration was assumed to be valid also for 
alternating flow if the disk radius is small compared with a 
wave-length. The microphone was now placed at one end 
of the tube and the tube excited by a loudspeaker at a 
frequency corresponding to a half-wave-length standing in 
the tube. The Rayleigh disk was then at a velocity loop, 
and, obviously, the microphone was at a pressure loop. 
The disk was separated from the rest of the tube by thin 
cloth partitions to avoid the possibility of creating tempera- 
ture gradients along the tube. The microphone was then 
calibrated at two frequencies. i.e., two different tube 
lengths. 

The author finds the second method, namely, calibration 
in a pressure chamber, the simplest and most accurate. The 
chamber was excited by an electrodynamically driven 
piston whose amplitude was observed by a microscope 
focused on the piston edge. In order to check linearity 
between the pressure and the volume up to large pressure 


values, a body of known volume was inserted into the 
chamber and the increase in pressure measured. The con- 
stants involved in this measurement are easily determined 
and, since no complicated process is entailed, this method 
is the most reliable. 

The third method used was calibration by the electro- 
static method. If a large d.c. voltage Vo is applied simul- 
taneously with a small a.c. voltage V; to an auxiliary metal 
grid located before the diaphragm, an electrostatic alter- 
nating pressure will be produced as given by: 


VoV 
bet =K —— 0.886 -10-%ub, 


if VixVo 


where d is the distance between the grid and the diaphragm, 
and K gives the influence of the grid openings in terms of a 
solid electrode. This constant was computed by Ballen- 
tine? for a solid electrode. The auxiliary electrode is so con- 
structed that no spurious resonances occur, thus obviating 
the necessity of damping. The separation of the grid and 
diaphragm must be at least one millimeter in order to avoid 
additional air damping of the diaphragm. A weak point of 
this investigation is the exact determination of the separa- 
tion d, since the error appears quadratically in the formula. 
In general, an accuracy of about four percent should be 
possible. 

Electrodynamic calibration after the method of Gerlach 
gives fairly good results. A second thin aluminum di- 
aphragm is positively coupled at all frequencies to the 
microphone diaphragm by a tight air chamber. The 
coupled diaphragm is constructed like a ribbon with a uni- 
form electrical current of the frequency at which calibration 
is being made flowing through it. In the calibrated steady 
field of a toroid coil a pressure variation is effective at the 
diaphragm of: 

ett = (H- Tote/b) - 10 pb. 


where 6=ribbon width in cm, H=magnetic field strength, 
and J,s¢=alternating current. The magnetic field of the 
toroid is calibrated absolutely by the ballistic method using 
a standard of mutual inductance and must be constant in 
space for at least the dimensions of the microphone. It was 
found that the choice of distance and the mechanical ten- 
sion of the auxiliary diaphragm had some influence upon 
the measurements. Even at very low frequencies the size 
of the air cushion had some effect on the measurements and 
this is explained by the fact that at a certain tension the 
amplitude of the auxiliary diaphragm is limited almost en- 
tirely by the elasticity of this very shallow air cushion. The 
minimum tension of the auxiliary diaphragm is limited by 
the necessity of avoiding any subdividing of the diaphragm, 
and this is especially important at high frequencies. The 
resonance frequency of the microphone diaphragm will be 
modified by the added moving mass of the auxiliary 
diaphragm. 

The final results for the sensitivity of the Telefunken 
Condenser Microphone at a bias of 30 volts as obtained by 
the four different methods are tabulated here: 
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Calibration with Rayleigh disk 

at 100 c.p.s. 
at 300 c.p.s. 
at 100 c.p.s. 


in resonant tube 
in resonant tube 
in free field 


3.17 mv/ub 
3.25 mv/ub 
3.15 mv/ub 


Calibration with pressure chamber 


at 100 c.p.s. 3.1 mv/yb 
Electrostatic calibration at 100 c.p.s. 2.98 mv/ub 
Electrodynamic calibration at 100 c.p.s. 3.2 mv/yb 


The pressure chamber method is the most precise. The 
largest error of a single measurement in this case was four 
percent. It is difficult to estimate the error for the other 
methods. Free field calibration is undoubtedly the least 
accurate, the error being 10 to 15 percent. 

The transfer constant of an especially prepared micro- 
phone was calculated and compared with measurements 
with reasonably good results.—L. BERANEK. 


1 Schmiescheck, Zeits. f. techn. Physik 17, 3 (1936). 
2S. Ballantine, J. Acous. Soc. Am. 3, 319 (1932). 


Sound Damping in Rigid and Elastic Wall Tubes. E. 
WAETZMANN AND W. WENKE, Akust. Zeits. 4, 1 (1939) — 
Because a large number of acoustical problems and applica- 
tions involve sound transmission along a tube, it is desirable 
to know something about the attenuation in tubes not 
having smooth and rigid walls. Kirchhoff’s computed 
values for the attenuation constant of rigid smooth walled 
tubes are about 10 to 15 percent too small. Tischner' has 
already considered the damping of sound in smooth-walled 
tubes for intermediate frequencies. In this paper, the at- 
tenuation of rigid, smooth, rough, and porous tubes and 
elastic hoses will be investigated as a function of frequency 
and tube diameter. 

If a tube is terminated at one end by a source of sound 
and at the other end by a rigid wall and if either the length 
! or the frequency f be altered until the time phase of the 
pressure pq at the beginning of the tube is out of phase by 
x/2 compared with that of the pressure p, at the end of the 
tube, then the following equation obtains: 


l=n-d/2+2/4, (1) 


where n is an integer and \=wave-length in the tube. The 
familiar telephone equation for an open end line is valid in 
this investigation for frequencies whose wave-lengths are 
large compared to the radius of the tube; namely, 


pa=ip- sinh Bl 


Po 


. (2) 





B= : sinh! | 
l e 
wherein 8 is defined as the damping constant in units of 
inverse length. Eq. (1) enables us to determine the wave- 
length from the tube length, and, hence, the velocity of 
propagation; » is determined by whether there is an even 
or odd number of wave-lengths standing in the tube. 8 can 
be determined from Eq. (2) by measuring the magnitude of 
the pressure vectors. 
The experimental set-up consisted of a beat frequency 
oscillator whose output was connected to a thermophone 
placed at one end of the tube. The other end of the tube 
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Fic. 1. Sound damping in 19-mm diameter tubes. 


was terminated in the diaphragm of a compensation micro- 
phone.? The electrical outputs of the microphone and the 
oscillator were compared by means of an electrical com- 
pensator. In performing the measurements the compensa- 
tion microphone was kept fixed and the thermophone was 
transferred from one end of the tube to the other in order 
to read both p. and p,. If the tube is not homogeneous, 
then the absorption will depend on where the nodes and 
loops of pressure lie in the tube, and the degree of in- 
homogeneity can be determined experimentally by chang- 
ing the microphone to the opposite end and repeating the 
measurements. The metal and composition tubes were held 
horizontally during the tests, while the rubber hoses were 
hung vertically in a frame which could be rotated through 
180 degrees so as to reverse the two ends of the hose. The 
magnitudes and direction of the pressure time vectors 
were read from the two calibrated wires of the Geyger 
compensator, and from this the necessary information was 
obtained to compute the damping constant 8. By carefully 
avoiding leakages, the results could be reproduced over 
long lengths of time to within 2 percent. 

Measurements were first made on smooth, steel tubes 
having diameters of 6, 11, and 19 mm for the frequency 
range up to 2500 c.p.s., and these results showed that the 
values predicted by Kirchhoff were about 10 to 15 percent 
low. This points to the possibility that there may be ir- 
regular votrex motions of the air particles in the standing 
wave which cause increased absorption. Glass tubes having 
slightly irregular inner surfaces were tested with the result 
that the damping was higher. Insulating tubes made from 
silk cloth sheets rolled and impregnated with special 
lacquer gave the same results as did the steel tubes. In fact 
the material of the walls was found to have little influence 
in the great majority of cases except where the tube did 
not meet the classification of ‘‘rigid.”’ 

Two smooth tubes made from wood and steel were next 
tested and compared with two similar tubes whose inner 
walls were made rough. The steel tubes were 19 mm in 
diameter with a wall thickness of 2 mm and the inner sur- 
face of one was roughened by a sizing process. The damping 
of the latter was increased by as much as threefold as can 
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be seen in Fig. 1. The wood tubes were also 19 mm in 
diameter though the walls were somewhat thicker. The 
comparison between the smooth- and rough-walled wood 
tubes showed a difference of only 250 percent, with an un- 
certainty due to nonhomogeneity of about eight percent. 
The velocity of sound in the smooth tubes was not found 


to be over three percent below that in free space. 

For the elastic hoses, hot vulcanized red and gray tech- 
nical rubber and a very soft black patent rubber manu- 
factured at low temperatures were investigated. These hoses 
yielded to pressure by a change of diameter. In the theory 
we must distinguish between extensible vibrations, i.e., 
those in which all the particles of the tube wall move back- 
ward and forward along the radius in phase, and flexural 
vibrations, i.e., those in which nodal lines of wall particle 
movement extend along the length of the tube. The results 
for hoses 6 mm in diameter and 1} mm wall thickness 
showed that red rubber damped the sound only slightly 
more than metal tubing and was therefore useful as a 
stethoscope hose, while black rubber transmitted some 
sound outward with correspondingly greater damping. Also 
for the latter the damping was considerably larger in the 
frequency range between 500 and 600 cycles. This was 
probably caused by wall resonance. 

Figure 2 shows curves for the three types of hoses having 
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Fic. 2. Sound damping in three different rubber hoses. 


the diameters and wall thicknesses indicated. The large 
damping in the vicinities of 250 and 1500 c.p.s. were asso- 
ciated with strong wall resonances in every case. 

Computations were made from theoretical considerations 
for all tubes tested and these values are tabulated in the 
original paper. Good agreement is found for rigid wall 
tubes except for the 10 to 15 percent variation already 
mentioned, while only fair agreement is obtained for 
flexible walled tubes ——L. BERANEK. 


1H. Tischner, Elektr. Nachr.-Techn. 7, 193 and 242 (1930). 
2 E. Waetzmann and L. Keibs, Ann. d. Physik 22, 252 (1935); W. 
Geffcken, Ann. d. Physik 19, 839 (1934). 
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Program of the Tenth Anniversary Meeting of the Acoustical Society of America 


Hotel Pennsylvania, New York, New York 


MonDAY MorninG, May 15, at 10:00 o’cLock 


Southeast Ballroom 


SYMPOSIUM AND OPEN DISCUSSION 


The Measurement of Absorption Coefficients and the A pplication of Acoustical Absorbents 


This symposium, which is under the direction of Dr. F. V. Hunt, has as its 
aim the practical discussion of the problems involved in measuring and apply- 


ing absorption coefficients. 


1. Research on the Absorption Coefficient Problem. 
F. V. Hunt, Cruft Laboratory, Harvard University—The 
aim and scope of the absorption coefficient symposium is 
to clarify, rather than to confuse, the issues involved in 
determining absorption coefficients for acoustical materials 
and in applying these materials in the field to secure 
specified reverberation characteristics. After placing the 
problem briefly in historical perspective, a critical summary 
will be given of the physical assumptions underlying the 
derivation of all of the common reverberation formulas. 
As an example of current research upon the absorption 
coefficient problem, alternative and more plausible as- 
sumptions will be offered which lead to a new method of 
analyzing the decay of sound in a room. Although limited 
in its field applications, this analysis appears to offer an 
immediate and basic solution of the problem of obtaining 
consistent absorption data in different laboratories. 


2. Measurements in the Reverberation Chamber. P. E. 
SABINE, Riverbank Laboratories —Our idea of the sound 
absorption coefficient of a surface is carried over from the 
optical analogy of the reflectivity of a surface for light. 
All reverberation theory and methods of measurement of 
absorption coefficients now extant are based on this 
conception of the dissipation of sound energy within a 
closed space. The fundamental assumptions underlying 
both theory and practice are as follows: 

(a) That for the widely varying distribution of sound 
energy density that actually exists in the reverberant sound 
within a closed room we may substitute an average density 
which is the statistical mean of the distributed densities. 

(b) That in place of the normal modes of vibration of 
a three-dimensional continuum we may substitute a diffuse 
distribution of energy flow within a room in which all 
directions of flow are equally probable. 

(c) That the total sound energy which is incident upon 
different portions of the bounding surface during the course 
of the decay period is proportional to the respective 
areas of those portions independently of their respective 
absorptivities. 

(d) That there exists for any material surface a single 
numerical coefficient of absorption for sound having the 
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random distribution of incident angle assumed in a diffuse 
sound field and that the product of this coefficient and the 
area of the surface gives the contribution of that surface 
to the total equivalent absorption of any room in which 
the material in question forms a part of the exposed 
interior surface. 

(e) That the geometry of the room and the distribution 
of absorbents in it are such that the idea of a “mean free 
path’’ of an element of a sound wave between reflections 
may be assumed to apply to the room as a whole. 

Assumptions (a), (b) and (e) may reasonably be assumed 
to hold in reverberation chambers in which the conditions 
are such as to give a true logarithmic decay, the rate of 
which is constant independently of the position of the 
source, the microphone or the absorbent sample. Assump- 
tion (c) does not hold under the usual conditions of 
measurement of absorption coefficients in reverberation 
chambers, as witness the so-called ‘‘area effects’’ observed 
in all testing laboratories. It is highly probable that 
assumptions (a), (b) and (e) cannot properly be made 
under the conditions that usually exist in field measure- 
ments. They certainly do not in the case of large office 
spaces with extended ceiling treatment and in auditoriums 
with balconies and other recessed spaces. A diffuse distribu- 
tion can hardly be assumed in large rooms with high 
absorption and correspondingly short decay periods. 

The foregoing leads to the conclusion that as a general 
proposition assumption (d) is unwarranted. Hence, the 
job of the testing laboratories in the present state of 
knowledge is to find consistent numerical data by which 
absorbent materials may be rated as to their relative 
absorbing efficiencies. At present, wide differences appear 
in the results of measurements made in different labora- 
tories on presumably identical materials with no means in 
sight for reconciling the discrepancies. However, published 
data on commercial absorbents from the National Bureau 
of Standards and the Riverbank Laboratories from 
measurements made in the last few years show on the 
average a close agreement in the values of the measured 
coefficients for frequencies between 512 and 2048 cycles. 
Fair agreement is shown at 256 cycles. At 128 cycles 
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Riverbank values are consistently higher than National 
Bureau of Standards values for the same materials, 

The results of a careful study of the errors of decay time 
measurements at 128 cycles as made in the Riverbank 
chamber are presented together with a critical analysis 
of the precision, in general, of absorption measurements 
by reverberation methods. 

The author takes the position that in view of the 
statistical nature of the phenomena, and the inherently 
large variations in the computed coefficients resulting 
from slight variations in the experimental data, the state 
of our knowledge of the subject is not as hopeless as 
sometimes pictured. He urges the necessity of adequate 
testing facilities and equipment, and of ample experi- 
mental data. 


3. Measurements in the Field. G. T. Stanton, Elec- 
trical Research Products Inc.—‘‘The absorption coefficients 
of materials as determined by field measurements, differ 
from those in the laboratory.’’ This belief appears general 
in the industry and is, in the author’s opinion, based on a 
false premise. 

There is some evidence to indicate that if in field 
measurements of reverberation due consideration is given 
to insuring the same degree of agreement with the definition 
of reverberation time as that in the laboratory, the 
absorption coefficients may be determined in the field 
which will agree with those from the laboratory. However, 
the primary purpose of field reverberation measurements 
is to determine the acoustic conditions resulting from a 
given form of acoustic design, and measurements made 
with this end in view are not generally suitable for direct 
determination of absorption coefficients. The agreement 
between laboratory coefficient and that directly determined 
from the reverberation time in a practical room varies with 
the degree of diffusion of sound energy in the room. 


Open discussion led by V. L. Chrisler, Bureau 
of Standards, and John Parkinson, Johns- 
Manville Sales Corp. 

As the subject matter of the following three 
contributed papers bears directly on this sym- 
posium, the authors consented to their presenta- 
tion at the open discussion. 


4. Possible Variation of Sound Absorption Coefficients 
with Intensity. F. J. Wititic, University of Illinois — 
Normal incidence coefficients were measured by means of 
standing waves in a heavy brass tube 10} inches in diameter 
and 7 feet 4 inches long. Both ends of the tube were care- 
fully sealed to prevent leakage, and the sample was not 
removed during the course of a set of measurements on a 
given material. A selective amplifier* of the degenerative 
feed-back type was used to eliminate any possible effect 
due to variation of harmonic content with intensity. 
Measurements were taken on a wide selection of materials 
over a range of 30 to 40 decibels. Any variation in the 
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value of the absorption coefficient due to change in the 
intensity of sound was not more than 1.5 percent. 


*H.H. Scott ‘A New Type of Selective Circuit.” Proc. I. R. E. 26 
234 (1938). : 


5. Angular Distribution of Normal Modes. Ricuarp H, 
Bott, University of California at Los Angeles.—As stressed 
by Hunt! the angular distribution of normal modes must 
be incorporated into an adequate evaluation of the effective 
absorption of material in a room. Thus, approximate 
theory, using the “sin 6” law of random distribution, yields 
an average value of acoustic impedance: 2=20/2, where z, 
is the impedance at normal incidence. Maa? derived a 
more accurate distribution law, in consideration of a low 
frequency correction reported by him and by Bolt.’ 

A rigorous derivation of angular distribution must utilize 
frequency-space instead of p-space?: * as only in the former 
are the directions of characteristic points identical with 
space-directions of the corresponding modes. A detailed 
consideration of frequency space reveals, at low frequencies, 
a discontinuous angular distribution of the general form: 


62 
N(0)=Not+ | f(0)d0+ Noo, 


6; 


where No and Ngo count the number of modes at exactly 
0° and 90° (nearly 0° and 90° in actual practice), and f(@) 
approximates a stepped curve between angles @; and 6, 
Each of these quantities has been evaluated; the resulting 
formula closely fits several calculated plots of angular 
distribution in rectangular rooms. The “smooth’’ part, 
f(0), agrees with Maa’s Eq. 17,? but the present form 
should possess advantages, especially for incorporating 
absorption at grazing incidence as reported by Hunt.! 

This result is applied to the average impedance of a ma- 
terial covering an entire wall of a room, giving an explicit 
equation: 


2/g9=34+Ki/v+Ko/r+--- 


where » is frequency (up to which all modes are counted), 
and Ki, Ke, etc. involve room geometry and placement of 
material. Diffraction effects have not been incorporated. 
An apparent inconsistency is noted in the usual definition 
of average absorption coefficient in terms of average 
impedance. 

1F. V. Hunt, ‘Investigation of Room Acoustics by Steady State 
Transmission Measurements. I,”” J. Acous. Soc. Am. 10, 216 (1939). 

2D. Y. Maa, ‘‘Distribution of Eigentones—,’’ J. Acous. Soc. Am. 10, 
235 (1939). 


3R. H. Bolt, ‘Frequency Distribution of Eigentones—,” J. Acous. 
Soc. Am. 10, 228 (1939). 


6. Effect of an Absorbing Wall on the Decay of Normal 
Frequencies. N. B. Buatt, Massachusetis Institute of 
Technology.—This investigation was undertaken to study 
the reverberation time of a room for the first few of its nor- 
mal frequencies and the effect of one absorbing surface on 
the decay of each individual mode. For this purpose a small 
chamber 49” x 33.5” X19” was constructed from 3’ thick 
slate in a steel frame; and to avoid wall vibrations it was 
backed on all sides with 2 in. thick layer of fine graded sand. 
Sound was let into the chamber through a 6-in. brass tube 
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3 in. in diameter. It was packed full of No. 18 copper wires 
to avoid standing waves inside.! The resonance response of 
the chamber and the effect of absorbing material placed on 
two different sides are shown. The decay time for each mode 
was measured by a reverberation meter constructed at*the 
Institute.? The results of the measurements in the steady 
state and the decay time are found to be in good agreement. 


The results show that the ratio between the decay coeffi- 
cients of the material for the modes which are at grazing 
incidence and those at normal incidence, is approximately 
4, Which is the value predicted from exact theoretical 
considerations. 


1F. V. Hunt, J. Acous. Soc. Am. 10, 216 (1939). 
2W. M. Hall, Abstract presented at the Cambridge Meeting of the 
Acoustical Society, November, 1939. 





Monpbay Noon, May 15, at 12:30 o’cLock 


Banquet Hall 


LUNCHEON IN HONOR OF THE FIRST OFFICERS 


Toastmaster—F. A. SAUNDERS, Harvard University 

Events Leading to the Formation of the Society W. WATERFALL, The Celotex Company. 
The Society, Its Aims and Trends. H. FLETcHER, Bell Telephone Laboratories Inc. 
Reminiscences in Acoustics. Sik WILLIAM BraGG, The Royal Institution, London. 





Monpbay AFTERNOON, May 15, AT 2:30 0’CLOCK 


Southeast Ballroom 


ANNIVERSARY PROGRAM 


7. Architectural Acoustics, Its Past and Its Possibilities. 
P. E. SaBINE, Riverbank Laboratories—As a science, 
Architectural Acoustics originated in 1895 in the first 
scientific work ever done on the phenomenon of reverbera- 
tion in rooms by Wallace C. Sabine at Harvard. The 
first twenty years of its history is covered by his single- 
handed attack on the problem of the quantitative aspects 
of reverberation and absorption of sound. The second 
stage covering the period from 1915 to about 1925 marks 
a rapid increase both in interest on the part of scientists 
in the subject, and an expanding use of the practical 
applications of the new science. During this period numer- 
ous laboratories were built with reverberation chambers 
for the measurement of sound absorption coefficients and 
the transmission of sound through walls, floors, and 
ceilings. In this period the organ pipe as a source, the 
threshold of hearing as a fixed level of intensity, and the 
stop-watch as a timing device comprised the instrumental 
equipment for measurements with Sabine’s technique. 

With the development of new and powerful sources of 
sound in the dynamic type of loudspeaker, improved 
microphones with constant characteristics, vacuum-tube 
amplifiers and audiofrequency oscillators came a revolution 
in experimental technique. The advent of the radio and 
the talking motion picture created a new field for the 
application of knowledge for the control of acoustic 
conditions in broadcasting studios and sound-motion 
picture stages, and to meet the more exacting requirements 








of motion picture theaters, with their greatly increased 
seating capacities and amplified and directed sound. 

The architectural trends during this period have been 
toward larger auditoriums and simplified decorative 
treatment of the interiors. This adds to the difficulties of 
the acoustical problem, and also makes its solution an 
essential part of the architect’s program in auditorium 
design. The earlier practice of designing to taste and leaving 
acoustics to be taken care of by absorbent treatment is 
gradually giving way to the more enlightened policy of 
including acoustic demands in the geometrical design of 
audience rooms. 

Architectural acoustics has become the basis of a large 
and rapidly growing industry, in the manufacture and 
installation of acoustical absorbents. Competition in this 
field has been in the direction of the production of materials 
with ever higher absorption coefficients, often at the ex- 
pense of other desirable properties of interior surface 
materials. With this has been a growing tendency toward 
what in the author’s opinion are over-damped rooms. 
The frequency-absorption characteristics of many com- 
mercial materials with their relatively low absorption for 
low frequency sounds leave much to be desired. Absorbents 
with controllable frequency characteristics which do not 
depend upon the porosity or the inelastic compressibility of 
materials constitute a possibility for the future in this field. 

Another possibility lies in the development of cheap 
practical means of reducing sound transmission in moder- 








ate-priced homes, apartments, hotels and hospitals. The 
increasing use of electrically operated household devices 
together with the light and closely fabricated construction 
employed in cheap housing, often makes a dream cottage 
a nightmare of irritating noise. 

On the theoretical side lies the possibility that the 
approximations of reverberation theory may be ultimately 
replaced by some more precise and general solution of the 
problem of ‘“‘What is the behavior of vibrational energy in 
a three-dimensional medium bounded by imperfectly 
reflecting walls.’ The solution of this problem may 
conceivably have an important bearing on the wider 
problem of the relation between quantum physics and the 
field equations of relativity. 


8. A Modern Concept of Acoustical Design. C. C. 
POTWIN AND J. P. MAXFIELD, Electrical Research Products 
Inc.—The modern view in architecture, as it relates to 
the functional and utilitarian concepts of planning, has 
recognized the importance of a fundamental approach to 
the solution of acoustical problems in buildings where 
auditory requirements constitute a vital element of their 
design. Incidentally, treating acoustics as an integral part 
of design, rather than as a corrective measure during the 
course of planning, has not only produced better acoustical 
conditions and more efficient structures, but has also 
contributed to pleasing architectural form and decoration 
as well. 

The initially important and comprehensive work of 
Professor Wallace Sabine and the more recent contributions 
of other authorities have established a basis for this 
modern approach to acoustical design. The coordination 
and practical application of the basic principles set forth 
have led to the development of efficient methods of 
combining interior form with the selection and distribution 
of sound absorbing materials for enclosures of widely 
differing types. 

One method is especially described in this paper, wherein 
the surfaces of an audition space are shaped and co- 
ordinated with the distribution of sound-absorbing ma- 
terial so as to disperse the first few sound reflections of 
discrete and multiple types and to retain partially and 
control other reflections which might be termed the 
“long-mean-free-path” or “‘around-the-room”’ type. Par- 
ticular attention is directed to the advantages derived 
from acoustical forms coordinated with a more scattered 
distribution of material than has been common in previous 
design practice, and also to the fact that this method of 
design creates good acoustics in spaces of the most uncon- 
ventional basic shape. 

Photographs and measurements of several recent designs 
will be shown, including the interesting and unusual Voder 
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Room of the A. T. & T. Exhibit at the New York World's 
Fair 1939, 


9. The Journal of the Acoustical Society. F. R. Watson, 
University of Illinois—The Acoustical Journal is the 
official publication of the Acoustical Society. It includes 
scientific papers describing important developments jn 
acoustics, also various miscellaneous items of interest. 
It reaches a wide circle of readers at home and abroad, 
thus satisfying the demand for authoritative information 
about acoustics. 

The Journal is managed by an Editorial Board that 
determines the policy of the magazine, reviews all the 
material intended for publication and has general charge 
of the Journal activities. The final editing of papers is 
delegated to the capable supervision of the Editorial 
office of the American Institute of Physics, which also 
makes arrangements for the printing. 

The papers published cover a wide variety of subjects— 
the fundamental characteristics of sound, the phenomena 
of hearing, supersonics, the control of sound in buildings, 
the characteristics of musical sounds with reference to 
speech, music and musical instruments, etc.—all of which 
indicate the active interests in acoustics in the United 
States. 

The Journal is an integral unit in the Acoustical Society, 
setting forth in a permanent record the progress and 
accomplishments of this young and vigorous organization. 


10. A Demonstration of Combination Tones. Sir WILL- 
1AM BRAGG, The Royal Institution, London.—The history of 
the subject of combination tones is reviewed and the 
conditions for their objective existence is demonstrated 
by means of a pair of current bearing coils placed on a 
common center and at right angles to each other. One is 
free to vibrate about an axis in a way such that the 
amplitude of vibration depends at every instant on the 
amplitudes of the currents carried by each coil. 


11. An Ear to the Future. V. O. KNuDsEN, University 
of California at Los Angeles.—A report is made of recent 
and prospective progress on the amelioration of impaired 
hearing, on the conquest of noise, and on the application 
of modern acoustics to music. Hearing aids which utilize 
binaural hearing with high quality, selective amplification 
are considered, and the results of experiments are presented 
which indicate the advantages of such aids. The ill effects 
of noise on humans are reviewed, and the benefits which 
may be derived from the use of properly designed ear 
defenders are discussed. The golden age of music may 
come as a result of modern developments in acoustics. 
What may we anticipate? What should we do? 
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MonDAY EVENING, May 15, AT 8:30 o’CLOCK 


Southeast Ballroom 


12. Auditory Patterns. A Demonstration Lecture. 
HarRVEY FLETCHER, Bell Telephone Laboratories.—For 
many years physicists have been devising methods and 
apparatus for accurately measuring hearing, and it is now 
possible to describe the ear in physical terms much as other 
machines are described. In more recent years, auditory 
research has been directed more toward obtaining the 
relation between such a physical description and the 
character of the sensation evoked by a sound. 

Sound waves entering the inner ear set into vibration a 
relatively long flexible membrane, which has distributed 
along its length the endings of the auditory nerve fibers. 
These endings are sensitive to the vibrations, and initiate 
a series of nerve impulses or tiny electrical currents, 
which travel along the nerve fibers to the brain. Such 
nerve messages contain the information that is used in 
forming the sensation of sound. By utilizing the discovery 
that human nerve fibers behave like busy telephone wires, 
relations have been obtained between the physical char- 
acteristics of a sound and the pattern of the nerve messages 
which it produces. 

When a nerve fiber is busy carrying messages for one 


sound it is unable to carry messages for a second sound. 
In order to be heard, the intensity of the second sound 
must be increased until non-busy fibers can be found. 
From such busy tests, the fibers at different positions on | 
the membrane that are excited by a given sound, can be 
charted. Such a chart is called an auditory pattern, and 
portrays to the eye the information that the brain must 
utilize in order to form sensation. 

By choosing a sound which renders the fibers at different 
positions on the membrane uniformly busy, relations have 
been obtained between the pitch of a sound and the 
position of the excited fibers, the intensity of a sound and 
the rate at which messages are evoked and the changes in 
position and rate which accompany just noticeable changes 
in pitch and intensity, respectively. 

In the demonstration lecture, this complicated process 
is vividly depicted by creating sounds and portraying the 
corresponding auditory patterns by means of animated 
charts. Deafness is artificially created and the audience 
sees and hears sound in the roles of both the normal 
hearing and the deafened. 





CONTRIBUTED PAPERS 


TUESDAY MoRNING, May 16, AT 9:30 o’CLOCK 


Southeast Ballroom 


13. Analysis of Transients. WiNston E. Kock, The 
Baldwin Piane Co. (10 min.)—A discussion is given of the 
frequency distribution of several types of non-periodic 
phenomena. The method of spectral analysis employing 
the Fourier integral is applied to a sine wave of short 
duration and it is shown that when the envelope is square- 
topped, noise components are present extending far to 
each side of the central frequency band, whereas when 
the envelope is sinusoidal these noise components are 
suppressed. 


14. The Development of Modern Microphones. R. C. 
Comte, Massachusetts Institute of Technology. (15 min.)— 
The development of radio broadcasting about 1920 greatly 
stimulated electroacoustics. The carbon telephone trans- 
mitter was redesigned to use a stretched diaphragm and 
two buttons. E. C. Wente’s condenser transmitter was 
applied to broadcasting. General Electric engineers de- 
veloped a photoelectric microphone, called the Pallo- 
photophone. Westinghouse engineers developed a cold- 
cathode microphone using a direct-current glow discharge 
in air about 1923. In Europe the Marconi-Sykes magneto- 
phone—a moving coil microphone—was used in England, 





and the Reisz carbon microphone in Germany and France. 
The ribbon microphone was proposed by Gerlach and 
Schottky in 1924. H. F. Olson was the first to realize the 
advantages of the directional response of the velocity 
ribbon microphone and developed a practical microphone 
about 1931. C. A. Hartman brought out a pressure- 
actuated ribbon microphone in Germany in 1931. The 
directional pattern of the ribbon microphone has found 
wide application in motion picture recording and broad- 
casting especially since 1933 when J. Weinberger, H. F. 
Olson, and F. Massa designed a unidirectional ribbon 
microphone. The moving-coil microphone was invented 
and patented by Siemens in 1877. The British Broadcasting 
Corporation in 1923 began using the Marconi-Sykes mag- 
netophone. In 1931 Bell Telephone Laboratories engineers 
announced a new type of high quality moving-coil micro- 
phone which was improved in 1935 to have a nondirectional 
response. In 1919 Western Electric engineers under A. M. 
Nicolson made an extensive study of piezoelectric crystals. 
Some crystal microphones and phonograph pickups were 
used in English broadcasting in 1922 but the commercial 
application of piezoelectricity to acoustic devices was not 
made until 1930. By then, the Brush Development Lab- 





oratories had developed a cheap method of growing large 
crystals and cutting procedures as simple as wood-working 
shop methods enabling them to make microphones, phono- 
graph pickups, recording cutting heads, and loudspeakers. 


15. A Sound Source for Investigating Microphone 
Distortion. W. D. PHELPs, RCA Manufacturing Co. 
(10 min.)—Theoretical and experimental data are pre- 
sented on a standing wave resonance system! for obtaining 
a high pressure sound field with a prescribed harmonic 
eliminated. It consists of an eight-foot iron pipe ten inches 
in diameter, and a five-sixteenths-inch wall, with an eight- 
inch dynamic speaker at one end and a movable iron 
piston at the other. A pressure of 1000 dynes per cm? at 
100 cycles per second is readily obtained with a speaker 
input of less than 0.5 watt. Harmonic attenuation factors 
of 68 to 1 and higher are obtained. Hence the sound field 
is free of a given harmonic to within a few hundredths of 
one percent with three percent harmonic in the speaker 
input voltage. 


1W. D. Phelps, ‘‘The Réle of the Speaker Impedance in Resonance in 
a Closed Pipe,’”’ J. Acous. Soc. Am. 9, 308 (1938). 


16. Microphone Efficiency: A Discussion and Proposed 
Definition. FRANK Massa, RCA Manufacturing Co. 
(10 min.)—The microphone is treated as a converter of 
acoustic energy to electric energy and an expression for 
its absolute efficiency is derived. A definition of microphone 
efficiency is proposed and a family of curves has been 
computed to show the relation between absolute efficiency 
and voltage sensitivity for a microphone designed to work 
into any impedance. 


17. New Microphone Providing Uniform Directivity 
Over an Extended Frequency Range. R. N. MARSHALL 
AND W. R. Harry, Bell Telephone Laboratories. (10 min.)— 
A new microphone is described which consists of a moving 
coil pressure element combined with an improved ribbon 
“velocity” element to give a cardioid directional char- 
acteristic. The theory of operation is reviewed, and con- 
sideration is then given to variations in directivity caused 
by the size of the elements and by disparities in their 
phase and response characteristics. It is then shown how 
these variations have been largely eliminated by equaliza- 
tion in the electrical circuit so that the resulting directivity 
is practically independent of frequency throughout the 
range from 70 to 8000 cycles/second. The average front- 
to-back discrimination in this range is approximately 20 db. 
The use of a moving coil pressure element has made 
possible an efficiency of 84 db below one volt/dyne/sq. cm, 
while the design of an unusually rugged ribbon element 
provides a marked reduction in noise due to air currents 
and reduces sensitivity to shock. 


18. The Attenuation of Sound in Ducts. RoBeEert 
Rocers, University of Illinois. (10 min.)—This paper deals 
with the propagation of sound in ducts with particular 
reference to the coefficient of attenuation. A theory is 
developed which may be shown to be in substantial agree- 
ment to a first-order approximation with that given by 
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Sivian.* Cases which have not previously been considered 
are here investigated, namely that case in which only one 
or two sides are lined with a material, and the case for 
high frequencies. It is shown experimentally that the de. 
pendence of the attenuation coefficient on the ratio of the 
perimeter to the area follows the theoretical prediction, 
Further, the impedance of the material, which must be 
used in calculating the attenuation coefficient, is shown to 
agree with impedances measured by the standing wave 
method. At low frequencies the attenuation coefficient js 
found to decrease with the frequency to such an extent that 
the reduction of the sound level in a tube sixteen feet in 
length is of the order of about ten decibels. In order to find 
a material which attenuates the sound more highly at low 
frequencies, experiments are being carried out on samples 
which have a complex impedance, i.e., on vibrating ma- 
terials. 


*L. J. Sivian, J. Acous. Soc. Am. 9, 135 (1937). 


19. Architectural Acoustic Testing with Electro-Thermal 
Noise as a Test Source. VESPER A. SCHLENKER, Con- 
sulting Engineer, New York City. (15 min.)—The warble- 
frequency test tones from a vacuum-tube oscillator have 
been generally used in reverberation and sound trans- 
mission measurements. The method of employing selected 
frequency bands of electrical thermal noise as test sources 
in conjunction with the high speed level recorder is pre- 
sented. Typical data taken under actual “job conditions” 
encountered by the consulting acoustical engineer are 
included. The advantages of the new technique are dis- 
cussed from the standpoint of simplicity of instrumentation 
and reliability of results. 


20. Sound Insulation Characteristics for Ideal Parti- 
tions. KERON C. MorricaL, RCA Manufacturing Co. 
(10 min.)—Criteria are proposed for properly specifying 
the performance of sound insulating structures taking into 
account (1) transmission loss—frequency characteristic of 
the partition, (2) intensity and spectral distribution of the 
original sound, (3) characteristic of the human ear, (4) 
receiving room conditions, (5) ambient noise conditions, 
(6) masking, and (7) type of insulation required. On the 
basis of these criteria, it is possible to specify the trans- 
mission characteristic of an ideal partition, or one pre- 
senting a uniform reduction of loudness. 


21. Noise and Vibration Isolation. H. A. LEEpy, 
Research Foundation of Armour Institute of Technology. 
(10 min.)—The characteristics, stiffness factor and damp- 
ing factor of resilient supports which will effectively reduce 
the transmission of vibrations and noise from vibrating 
machines are usually determined from the “transmissibil- 
ity’’ curves which give the ratio of force amplitude trans- 
mitted to the base through the resilient support to the 
amplitude of the driving force as a function of the driving 
force frequency. Since such curves are calculated on the 
assumption that the base on which the machine is mounted 
is immovable, in which case the vibration transmission must 
be zero, it is desirable to know what happens in the case 
where the base on which the machine is mounted is free to 








vibrat 
linear 
base Vv 
suppo' 
machi 
mined 
transr 
and cl 
with f 


22. 
Fluid- 
(10 m 
of the 
and 0 
altern 
stance 
filter, 
depen 
wave 
case i 
here | 
fluid’ 
in the 
than 
to be 
less t! 
reflec 


24. 
Labo 
from 
conti 
is be 
from 
varia 
twee 
toge' 
in de 
of c 
dem 
of pi 
infle 
voic 
the | 
strat 
such 
in fr 
ligib 
synt 
synt 
com 
at t' 





lered 
y One 
e for 
e de. 
f the 
tion, 
st be 
vn to 
wave 
nt is 
that 
et in 
) find 
t low 
nples 
" ma- 


rmal 
Con- 
irble- 
have 
rans- 
ected 
urces 
} pre- 
ions” 
r are 
> dis- 
ation 


arti- 


fying 
x into 
tic of 
of the 
r, (4) 
tions, 
n the 
‘rans- 
, pre- 


SEDY, 
ology. 
amp- 
ecluce 
ating 
ssibil- 
rans- 
o the 
‘iving 
n the 
unted 


must 


> Case 
ree to 


TENTH 


vibrate. By considering the forced vibrations of coupled 
inear oscillators, the ratio of the vibration amplitude of the 
base when the vibrating machine is mounted on a resilient 
support, to the vibration amplitude of the base when the 
machine is mounted directly on the base, has been deter- 
mined. In particular limiting cases, this ratio is equal to the 
transmissibility. However, in general, this is not the case 
and curves showing how the above amplitude ratio varies 
with frequency and type of resilient support are given. 


22. Filtration of Oblique Elastic Waves in Stratified 
Fluid-Solid Media. R. B. Linpsay, Brown University. 
(10 min.)—Previous work has been done on the problem 
of the transmission of compressional elastic waves normally 
and obliquely through a stratified medium consisting of 
alternate plane parallel layers of two different fluid sub- 
stances. Such a structure acts as a low pass elastic wave 
filter, and in the case of oblique transmission the bands 
depend characteristically on the angle of obliquity of the 
wave front. The present work extends the problem to the 
case in which one of the substances is solid. Account must 
here be taken of the fact that compressional waves in the 
fluid layers give rise to both dilatational and shear waves 
inthe solid layers. The result is somewhat more complicated 
than in the previous case but the structure still turns out 
to be a low pass elastic wave filter for angles of obliquity 
less than the critical angle. As before the transmission and 
reflection bands are a function of the angle. In the special 
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case in which the thickness of the solid layers is small com- 
pared with that of the fluid layers one obtains the elastic 
wave analogue of the Bragg reflection law for x-rays, that 
is, one gets reflection approximately for the wave-lengths 
An =21/n-sin 6, where / is the distance between successive 
solid layers and 1 is integral. 


23. Interaction Impedance of a System of Circular 
Pistons. S. J. KLAPMAN, Jensen Radio Mfg. Co. (10 min.) 
—When two pistons, vibrating in the same infinite plane, 
are radiating into a semi-infinite medium, there is an 
interaction between them. There has been reported! a 
method for obtaining an approximation to the real part of 
the interaction when the two pistons are vibrating in phase. 
In the present paper the resistance term or “aid” is ob- 
tained exactly in contrast to the use of numerical integra- 
tion in the approximation method mentioned. Also, basing 
an approximation method on a numerical integration of a 
generalized elliptic integral,? numerical forms are obtained 
for both the real and imaginary parts. Because both the 
resistance and reactance have been obtained for the case 
of two circular pistons vibrating in phase, the results may 
be easily extended to the case of an arbitrary number of 
pistons, in the same plane, with arbitrary phases. 


1 I. Wolff and L. Malter, ‘Sound Radiation from a System of Vibrat- 
ing Circular Diaphragms,"’ Phys. Rev. 33, 1061 (1929). 

2W. Bartky, ‘‘Numerical Calculation of a Generalized Complete 
Elliptic Integral,’’ Rev. Mod. Phys. 10, 264 (1938). 





TurESDAY AFTERNOON, May 16, AT 2:30 0’CLOCK 


24. Remaking Speech. Homer Dub Ley, Bell Telephone 
Laboratories, Inc. (40 min.)—Speech has been remade 
from a buzzer-like tone and a hiss-like noise with automatic 
control of the pitch and timbre by the talker’s speech that 
is being remade. The newly created speech may be altered 
from the original in a variety of ways since the fundamental 
variables of speech are under experimental control be- 
tween the steps of speech analyzing and synthesizing that 
together remake the speech. The demonstrations will show 
in detail the steps in remaking speech as well as the effects 
of changing various elements. Included among these 
demonstrations will be the automatic raising and lowering 
of pitch, changing the octave range of pitch, reversing the 
inflection, removing the melody from song, transforming 
voiced speech to a whisper, the relative contributions of 
the buzz and hiss to the remade speech, etc. The demon- 
strations will show some striking characteristics of speech 
such as its recreation under the control of currents too low 
in frequency to be audible and the use of timbre for intel- 
ligibility and of inflection for emotional content. The 
synthesizing process here used provided the basis for the 
synthesis of speech by the manipulation of keys as ac- 
complished in the Voder, one of the Bell System's exhibits 
at this year’s World’s Fair. 








25. Conclusions from Further Measurements on Old 
and New Violins. F. A. SAUNDERS, Harvard University. 
(30 min.)—The response curves of nearly fifty violins 
have now been obtained, of which about a third are old 
instruments and over ten are of the highest quality. It is 
possible to pick several pairs of curves that closely resemble 
each other, one violin being old and the other new. In- 
creasingly strong evidence is obtained indicating that the 
tone quality (for prolonged tones) of old violins can be 
duplicated in new instruments. A definite advantage 
possessed by the old instruments is that they respond for a 
less expenditure of work than new ones. This makes it 
easier for a player to execute rapid passages on an old 
violin than on a new, which in part justifies the high prices 
these violins command. Only a few listeners with the 
keenest ears are able to detect this characteristic. The 
majority are unable to tell whether a good player is using 
an old or a new instrument. “Blindfold” tests on audiences 
confirm this conclusion. The ‘carrying power’’ of violins 
is interpreted as an effect due to strong high harmonics 
which enable a violin tone to escape being masked by the 
accompaniment. It is connected with the “formant” 
mentioned by Backhaus and others as characteristic of the 
best violins, but it is found in both new and old instru- 
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ments whose tone is characterized by musicians as “‘bril- 
liant.”’ It is not found in instruments which are regarded 
as of a sweeter tone, more suitable for chamber music. 


26. The Influence of the Soundboard on Piano Tone 
Quality. PAuL H. BILHUBER, Steinway & Sons, AND C. A. 
Jounson, E. E. Free Laboratories. (20 min.)—The history 
of piano development indicates that tone quality has 
often suffered because the soundboard lacked the optimum 
response to vibration of the strings. This lack has been 
particularly noticeable in the high treble notes. Early 
experimentation in’ design attempted to correct this 
difficulty by extreme variations in size and shape of the 
board and by the use of special resonating chambers. 
Eventually such radical departures were discarded in favor 
of the present type of soundboard. This paper describes 
experimental work that has been conducted in an effort to 
determine some of the factors of soundboard behavior 
which influence the tone quality of the piano. Apparatus 
was constructed for measuring the amplitude of vibration 
at different points over the surface of the board when the 
keys were actuated by a mechanical striker. The results 
show that for a given piano the most acceptable tone qual- 
ity is obtained when the soundboard vibrates more or less 
as a diaphragm with the maximum amplitude near the 
center. Changes in the compression or loading of the board 
which tend to reduce this diaphragmatic action also pro- 
duce a less acceptable tone quality. In order to retain 
desirable tone quality in small pianos, it was necessary to 
compensate for the limitations of shorter strings and smaller 
soundboard area by changes in the structural design of the 
soundboard itself. Comparative measurements made on 
small pianos with old and new types of soundboards show 
that in the latter (1) the board vibrates more nearly like a 
diaphragm, (2) the treble tones have a higher initial 
intensity and (3) the treble tones decay at a slower rate. 


27. An Audiofrequency Harmonic Generator System. 
R. H. Frick AND P. S. VENEKLASEN, University of Cali- 
fornia at Los Angeles. (15 min.)—For proposed research in 
musical acoustics, a simple compact generator system is 
needed in which the relative phase and amplitude of each 
harmonic may be varied independently. In order that the 
fundamental frequency may be shifted freely, it is neces- 
sary to secure sinusoidal wave forms from the individual 
generators without recourse to electric circuit filtering. 
The principle of operation is similar to that employed by 
Firestone! and also by Kurtz and Larsen.? However, rela- 
tive amplitude is controlled by mechanically varying the 
condenser gaps, while the polarizing potential remains 
constant. Relative phase is controlled by angular displace- 
ment of the harmonic stators relative to the fundamental 
stator. The theory has been developed for the rotor and 
stator tooth forms which will give a sinusoidal rate of 
change of capacity between the two elements. The theory 
indicates that this stator form discourages the production 
of even ordered harmonics of the rotor tooth form. Results 
of harmonic analysis of the individual generators show 
that the production of undesired harmonics is very low. 
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Any remaining harmonic impurity may be eliminated by 
means of a cancellation principle. 


1 Chapin and Firestone, J. Acous. Soc. Am. 5, 173 (1934). 
2 Kurtz and Larsen, Elect. Eng. Sept. (1935). 


28. Terminology for Logarithmic Frequency Units. R. 
W. Youna, C. G. Conn Ltd. (15 min.)—Fletcher* has pro. 
posed the use of a logarithmic frequency scale such that 
the frequency level equals the number of octaves, tones, or 
semitones that a given frequency lies above a reference 
frequency of 16.35 cycles/sec., a frequency which is in 
the neighborhood of that producing the lowest pitch audible 
to the average ear. The merits of such a scale are here 
briefly discussed, and arguments are presented in favor of 
this choice of reference frequency. Using frequency level 
as a count of octaves or semitones from the reference Co, a 
rational system of subscript notation follows logically for 
the designation of musical tones without the aid of staff 
notation. In addition to certain conveniences such as 
uniformity of characters and simplicity of subscripts (the 
eight C’s of the piano, for example, are represented by 
C; to Cs) this method shows by a glance at the subscript 
the frequency level of a given tone counted in octaves from 
the reference Co=16.352 cycles/sec. From middle C,, 
frequency 261.63 cycles/sec., the interval is four octaves 
to the reference frequency, so that below C, there are 
roughly four octaves of audible sound. Various subdivisions 
of the octave are considered in light of their ease of calcu- 
lation and significance, and the semitone, including its 
hundredth part, the cent, is shown to be suitable. Conse- 
quently, for general use in which a unit smaller than the 
octave is necessary it is recommended that frequency level 
counted in semitones from the reference frequency be 
employed. 


* H. Fletcher, J. Acous. Soc. Am. 6, 59-69 (1934). 


29. Characteristics and Distribution of Deafness in the 
Population of the United States. W. C. BEAsLeEy, U. S. 
Public Health Service. (15 min.)—An analysis is presented 
of threshold acuity measurements by air and bone conduc- 
tion on 16,620 ears of persons drawn at random from the 
general population. The data were collected during a 
clinical investigation of hearing defects and aural pathology 
in the general population. The clinics were operated in 
twelve cities as a phase of the National Health Survey, 
which was completed recently by the United States Public 
Health Service. The audiometric data are classified ac- 
cording to clinical histories of hearing ability for speech, 
following certain arbitrary definitions of impairment. 
Certain sex differences in patterns of average audiograms 
are manifested throughout all age levels. Males always 
show more hearing loss on tones above 1500 cycles (by 
both air and bone conduction) than females of the same 
age range and clinical history in regard to hearing ability 
for speech. Females always show more hearing loss on tones 
below 1500 cycles (by air but not bone conduction) than 
males of the same age range and clinical history. The 
magnitude of these sex differences varies directly with age 
and stage of deafness—that is, the difference is larger 
between older age groups with a given history than be- 
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tween younger age groups having the same history; 
similarly, the difference is larger between groups of the 
same age but having more severe impairments. Average 
air conduction audiograms for males and females under 25 
years of age and having a history of normal hearing for 
speech, or stage 1 or stage 2 deafness, show approximately 
uniform hearing loss on all eight tones of the Western 
Electric 2A Audiometer. Average audiograms for older 
males and females differ from those of the younger age 
groups in exhibiting consistently more advanced stages of 
hearing loss by both air and bone conduction for tones 
above 1500 cycles, but relatively less loss on tones below 
this frequency level. There is also a higher prevalence of 
this type of hearing loss with advancing age. Implications 
of these trends in relation to the most prominent features 
of deafness in the population are discussed. It is concluded 
that the typical process of aural degeneration in the general 
population is chronic progressive nerve deafness, which 
has both higher prevalence and greater severity among 
males. 


30. Progressive Deafness Associated with Disorders of 
Vitamin A Metabolism. E. M. JosEpHson, New York City. 
(10 min.)—Incidental to the discovery of a successful 
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method of treatment of retinitis pigmentosa, which was 
previously a hopelessly blinding disease, it has been found 
that the deafness often associated with the disease also 
responds to the same treatment. The retinitis pigmentosa, 
with its progressive degeneration of the retina, night- 
blindness and eventual blindness in the untreated case, 
the deafness and the associated nervous disorders are 
associated with a failure of assimilation of carotene or 
vitamin A from the intestinal tract. This failure of assimila-’ 
tion is often associated with an impairment of liver function 
and bile secretion. When carotene is injected into the 
muscles of these cases, it is utilized by the body and serves 
to correct the deficiency of vitamin A resulting from 
failure of assimilation. As a result, the degeneration of 
the retina ceases and some degree of recovery takes place, 
vision is regained, nightblindness disappears, nervous 
disorders abate and eventually hearing is restored and even 
the failure of assimilation of the vitamin may clear up. 
The recovery of hearing even in the congenital cases of 
deafness, is sometimes quite startling in its rapidity; but it 
is usually slow. In the absence of any reliable criteria of the 
metabolism of carotene and vitamin A, it appears to be 
advisable to submit every case of progressive deafness to a 
test period of intramuscular carotene therapy. 


SUPPLEMENTARY PROGRAM 


31. The Parabolic Sound Concentrator. R. C. CoiLe, 
Massachusetts Institute of Technology—A compendium of 
all published experimental and theoretical work on para- 
bolic reflector-type sound concentrators has been made. 
Some experiments have been carried out with a parabolic 
bowl to test the more recent theoretical analyses never 
before verified. The experimental data on amplification and 
directivity published in 1930 by Obata and Yosida of the 
Aeronautical Research Institute, Tokyo Imperial Uni- 
versity, has been checked by the new theory. The first 
theoretical treatment of amplification was made by Rocard 
in the Revue d’ acoustique in 1932. In 1935 the experimental 
verification of this expression for amplification was pub- 


lished in the Zhurnal Teknicheskot Fiziki by Schneider, an 
engineer at the Moscow Radio Center. Also in 1935, Gutin, 
a physicist in Leningrad, derived independently the ex- 
pression for amplification and went on to work out the 
theory of directivity which he published in the Jzvestia 
Elektropromishlennosti Slabovo Toka. Recent measurements 
are described giving additional checks on the amplification 
theory of Rocard and Gutin, and verification of Gutin’s 
formulas for directivity. This directivity theory has been 
applied to existing published directivity curves and data of 
Schneider, Obata and Yosida. Measurements and analyses 
have also been made of the sound fields inside parabolic 
reflectors. 
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